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Deviations in the Loudness Judgments of 100 People 


J. C. STEINBERG AND W. A. Munson, Bell Telephone Laboratories 


(Received May 6, 1936) 


Distributions of loudness judgments are shown for a large group of observers comparing 
100- and 5000-cycle tones with a 1000-cycle reference tone. The tests were made with automatic 
equipment for conducting the constant stimuli type of test. Additional tests show how experi- 
ence, hearing acuity, time variations, and other factors affect deviations of loudness judgments. 


URING the past few years the loudness of 
sounds has become of considerable practical 
interest, particularly in the measurement and 
evaluation of noise; and the question frequently 
arises as to the deviations to be expected when 
the loudness judgments of different individuals 
or groups of individuals are compared. That 
such deviations vary a great deal and may be of 
considerable magnitude is a common experience. 
If loudness measurements are to be of practical 
value the nature and extent of these variations 
should be better understood. With this in mind, 
studies were undertaken to determine how loud- 
ness judgments of different people vary, how 
one person's judgment varies from time to time, 
and how experience, hearing acuity and other 
factors affect the judgment. 
The studies were facilitated greatly by the 
development of automatic equipment for loud- 
ness .comparisons which permitted the rapid 


measurement of loudness level and tended to 
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subject each observer to the same experimental 

environment. It is the purpose of this paper to 

describe the equipment and to give the results of 

a study of the deviations encountered in loudness 

judgments. 

DESCRIPTION OF AUTOMATIC EQUIPMENT AND 
METHOD OF MEASUREMENT 


The apparatus was adapted to the ‘‘constant 
stimuli’ technique of loudness level measurement 
described by Fletcher and Munson! in their 
report on the loudness of pure and complex 
tones. Briefly, the method consists in comparing 
the sound to be measured with a 1000-cycle 
reference tone and judging whether the reference 
tone is louder or less loud than the sound. The 
comparison is repeated with different intensity 
levels of reference tone, and from the distribution 

‘1H. Fletcher and W. A. Munson, ‘Loudness, Its 


Definition Measurement and Calculation,” J. Acous. Soc. 
Am. 5, 82 (1933). 
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Fic. 1. Schematic diagram of A-B test circuit. 


of judgments, a balance point is obtained. The 
loudness level of the sound to be measured is 
defined as the intensity level of the equally 
loud reference tone. 

A schematic diagram of the apparatus as used 
in these tests is shown in Fig. 1. The motor- 
driven switch Ss, by operating the ‘‘fader”’ 
amplifiers, connects source A (the sound to be 
measured) to a pair of telephone receivers for a 
period of one second, and shortly afterwards 
connects source B (the 1000-cycle reference tone) 
for a similar period. During each of these periods 
the signal light at the observer's position is 
lighted by means of the switch S;. This sequence 
is followed by a silent period of three seconds 
during which time the observer may register his 
judgment by operating push button switches A 
or B, A when the A sound is thought to be 
louder and B when the B tone is thought to be 
louder. With the operation of the A or B switch 
a relay switch not shown in Fig. 1 is opened and 
the tone sequence ceases until the ‘‘change 
switch” is operated by the observer. Then a new 
condition or sequence is presented consisting of 
the same A tone but a B tone of different in- 
tensity level. The observer’s position is in a 
small sound-proof room. His equipment consists 
of a pair of telephone receivers and the small 
box containing the push button switches and the 
signal light. 

The function of the ‘fader’ circuit is to 
obviate switching transients by permitting the 
tones to build up and decay gradually over 0.1 
sec. periods when the sources A and B are 
connected to or disconnected from the receivers.! 
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A condition is changed by selecting and inserting 
into the B circuit different attenuation pads, 
These are indicated in Fig. 1 as conditions 1, 2, 3, 
etc. There are 10 such pads (only 5 are indicated 
in Fig. 1) ranging from 0 to 18 db in 2 db steps, 
These pads are selected automatically in a 
random order and each pad may be selected any 
predetermined number of times up to 10. The 
selecting mechanism is started when the observer 
presses the change switch. This operation applies 
voltage to the selector advance mechanism which 
permits the selector switch to rotate from contact 
to contact at a speed of 50 contacts per second. 
The voltage for the advance mechanism is 
supplied through the motor-driven switch S;. 
The selector switch continues to rotate until S, 
disconnects the voltage supply. The angle 
through which the selector switch rotates de- 
pends upon the angular position of the motor- 
driven switch S; at the instant that the change 
switch is operated. Since this is random, the 
selector switch stops on the various contacts in 
random order. The particular contact at which 
the selector switch stops causes the insertion of 
a corresponding attenuation pad in the B circuit 
by operating a relay switch. Thus different 
intensity levels of the 1000-cycle reference tone 
are presented to the observer in random order. 
The insertion of a particular pad also inserts 
the corresponding message register into the A 
and B push button circuit for recording the 
observer's judgment. The register simply counts 
the number of times that the B push button is 
operated. 

There is associated with each attenuation pad 
a ten contact stepping or counting switch (not 
shown in Fig. 1), which controls the number of 
times that the pad may be inserted. This switch 
advances one contact each time the pad is 
inserted. If the condition is desired five times, 
all contacts above the fifth reapply voltage to 
the selector advance mechanism and the selecting 
operation begins anew. 

A front view of the equipment is shown in 
Fig. 2. The attenuation pads and the message 
registers appear at the top part of the figure. 
The row of signal lights just below the registers 
indicate to the operator of the 


which one 


attenuation pads is connected into the B circuit. 
The row of push button switches below the lights 
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DEVIATIONS IN 
enable the operator to insert any desired pad for 
manual operation. The signal light and push 
button switches in the lower part of the figure 


indicate the functioning and permit the control. 


of various parts of the equipment. 

At the start of a loudness balance test, the 
intensity level of the reference tone (source B) 
was adjusted manually by means of attenuator 
B (Fig. 1), until the observer’s approximate 
balance point fell within the of the 
intensity levels to be presented by the machine. 
It is probable that a certain amount of con- 


range 


ditioning occurred in this process. The actual 
procedure was as follows; after the observer had 
fitted the receivers to his ears he was permitted 
to listen to a sequence in which the B tone was 
markedly less loud than the A tone. When he 
had registered his judgment, the B tone was 
made markedly louder than the A tone, and the 
observer's judgment again obtained. In these 
first two comparisons, the intensity level of the 
B tone was changed by an amount of 70 to 
80 db, which was always sufficient to reverse the 
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Fic. 2. Front view of A—B test equipment. 
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Fic. 3. Plot of one observer’s loudness judgments. 


observer's judgment. The range in between these 
extreme values was then covered manually in a 
random manner until the observer’s approximate 
balance point was found, at which time the 
machine was turned on and the test proceeded 
automatically. 

For the present tests the machine was set to 
present each of seven different intensity levels of 
reference tone five times in random order. A 
typical record of one observer's results is shown 
in Fig. 3. The y axis is the percentage of times 
the reference or B tone was judged to be louder 
than the A tone and the x axis is the voltage 
level on the receiver of the reference tone. The 
intensity level is dependent upon the voltage 
level which in turn is dependent upon the 
attenuation pads automatically inserted by the 
machine. A reading of 80 percent means that in 
four out of the five times that a particular 
voltage level of the B tone (1000 cycles) occurred 
it was judged louder than the A tone. The A 
and B tones were taken to be equally loud at the 
50 percent point as indicated by the arrow. The 
intensity level of the reference tone corresponding 
to the voltage level at the 50 percent point is by 
definition the loudness level of the A tone. This 
procedure in the case of any individual at any 
particular time defined his judgment of loudness 
level (expressed as a voltage level) within at 
most, a spread of +2 db. As will be discussed in 
the next section, the variations of an observer's 
judgment from time to time, or the variations 
from observer to observer may be much greater 
than this. 


EXPERIMENTAL RESULTS 


Tones of 100 and 5000 cycles were chosen for 
study because they represent cases of loudness 
comparisons where the tone to be measured and 
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Fic. 4. Distribution of observations of 100 observers. 


the reference tone (1000 cycles) differ consider- 
ably in tonal character. The voltage levels of the 
100- and 5000-cycle tones were the same for all 
of the observers and were chosen to correspond 
to a medium loudness, i.e., 
about 60 db. 
observer 


a loudness level of 
Using the method described, each 
determined the loudness level of the 
5000-cycle and the 100-cycle tone and in addition 
made a threshold measurement on the 1000-cycle 
reference tone. In the latter test only the B tone 
was presented and the observer pressed the A 
and B buttons when the tone was audible and 
inaudible, respectively. A test was begun by 
very brief instructions to the observer. He then 
made a threshold measurement on the 1000-cycle 
After this the loudness levels of 
the 5000- and 100-cycle tones were determined 
in the order named. 


reference tone. 


The observers were obtained from the com- 
mercial and engineering groups at Bell Labora- 
tories and care was taken to select those who 


were not experienced in aural observation work 
and who were not acquainted with the termi- 
nology and methods of acoustic measurements. 

Approximately half of the group were men 
and half were women and the range of their ages 
was as follows: 


Age 19-23 24-28 29-33 34-38 39-43 44-48 
% 17 34 24 13 7 5 


The result obtained from each test was in 
terms of the voltage level on the receivers of the 
1000-cycle tone. The result of a_ threshold 
observation was the voltage level at which the 
1000-cycle tone was audible 50 percent of the 
times that it was presented to an observer. A 
loudness level observation was the voltage level 
of the 1000-cycle tone when it was judged by 
each observer, as previously described, to be as 


A tone). 
The distributions of the observations obtained 
by grouping them in 1 db increments of voltage 


loud as the tone being measured (the 
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TaBLeE I. Summary of results for inexperienced observers. 


Voltage | of Single No. 


| Mean | Std. Dev. 
Level Obs. Observations 


Test 


— 103.0 db |+5.36 db | 


| 


1000-cycle threshold 100 
5000-cycleloudnesslevel|— 47.5 db |+7.70 db | 97 
100-cycleloudnesslevel|— 50.0 db | +9.50 ab | 98 


level and plotting along the x axis are shown in 
Fig. 4. The numbers in the circles identify each 
observer who took part in the tests. 

The 1000-cycle threshold observations extend 
through a range of 25 db or approximately { of 
the total range that the ear can accommodate. 
This is the distribution that one must expect 
from inexperienced observers of normal hearing. 
The loudness level observations represent a 
different kind of judgment than do threshold 
observations and the distributions show a lower 
order of precision. These observations extend 
through a range of 45 or 50 db, which is more 
than } of the total auditory range. Thus large 
differences may be expected in the loudness level 
observations of different observers when sounds 
of different tonal character are being compared. 

The mean voltage levels and the standard 
deviations,? o, of a single observation for the 
distributions of Fig. 4 are given in Table I. 
These values of o can be used to compute the 
standard deviations of the average voltage levels. 
As an example, the standard deviation of the 
average of 98 observations at 100 cycles would 
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Fic. 5. Distribution of threshold level observations. 


*Standard deviation of a single Observation=oe 
=(Xd?/N)}. Standard deviation of the mean of N ob- 
servations =oa/N}, d=x—m. m= Mean value of the voltage 
levels of all observations. «= Voltage level of an observa- 
tion. N= Number of observations. 
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be about 1 db. If a group of 10 observers were 
used, the standard deviation of the average 
would be about 3 db, and for a group of 4 
observers, about 5 db. In the practical applica- 
tion of loudness tests it is important that the 
precision be kept in mind and a crew of sufficient 
size used to insure the desired accuracy. 
Although the results of 100 tests are not 
sufficient to define distribution curves precisely, 
it was thought desirable to determine their 
approximate form. This was done by first draw- 
ing a smooth curve through points derived from 
the distributions of Fig. 4. The derived points 
were the percentages of observations less than or 
equal to the voltage levels given by the abscissas 
of the curves. The resulting curves are designated 
with a number 1 on Figs. 5, 6 and 7. From the 
smooth integral curve the probability of an 
observation within a voltage level spread of 5 db 
was obtained and plotted as circles adjacent to 
curve 2. The probability was taken as 1/100 of 
the percentage of observations within the class. 
For comparison with these points, curve 2, 
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Fic. 6. Distribution of loudness level observations, 5000- 
cycle tone. 
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Fic. 7. Distribution of loudness level observations, 100- 
cycle tone. 
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which is a computed normal distribution curve,* 
is drawn. There seems to be a definite tendency 
for the observed distributions to be slightly 
skew rather than normal. 


Factors AFFECTING THE DISTRIBUTIONS 


Having obtained the distributions of loudness 
judgments shown in Fig. 4, it was of considerable 
interest to pursue the subject further and inquire 
into some of the factors which might explain 
why the distributions cover such a wide range. 
For instance, there is the question of experience; 
since all of the tests were made with observers 
having no previous testing experience, it is 
possible that the distributions would change as 
the observers became more accustomed to mak- 
ing loudness judgments, and more familiar with 
the testing technique. Numerous other possible 
factors affecting the distributions suggested 
themselves, so additional tests were undertaken 
to obtain answers to the following questions: 


1. Do the loudness judgments of experienced observers 
agree better than those of inexperienced observers? 

2. How much do the loudness judgments of a single 
observer vary from time to time? 

3. Is the hearing acuity of an observer an important 
factor in determining his loudness judgment? 

4. Could the distributions of Fig. 4 be attributed to 
differences in the intensity of the tones which reach 
different observer's ears? 

5. Do observers agree better in their loudness judgments 
at high or low levels? 

6. Does the character of the sound have an effect on 
variations of loudness judgment ? 


1. Effect of experience on the distributions 


In order to determine the effects of experience, 
eleven observers who are members of the 
acoustical research group and experienced in 
making aural observations took part in the same 
tests as the inexperienced observers whose results 


3 Curve 2 is computed from the equation: 
y=Ace P20? /g(27))}, 


where y=probability of observations following within a 

class interval, 

A=class interval (5 db), 

€=naperian base, 

d=x—m, x=receiver voltage level, 7 =mean value 
of x, 

o = (Xd?/N)!=standard deviation of a single ob- 
servation, 

N=number of observations. 
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TABLE II. Summary of results for experienced observers. 


| Mean Std 
| Voltage | Dev. No. 
Test Level o Observations 
1000-cycle threshold |—109.5| + 2.1 11 
5000-cycle loudness level |— 50.9} +10.1 11 
100-cycle loudness level |— 49.9} +10.9 11 


have already been shown. Table I] summarizes 
the results of the experienced group. A com- 
parison of Table II and Table I shows the 
deviations for the experienced group to be about 
the same as for the inexperienced group excepting 
for the 1000-cycle tone threshold. This indicates 
that experienced observers differ from each other 
as much in loudness judgments as do inexperi- 
enced observers. Perhaps it should be mentioned 
that although most of the experienced observers 
have been making loudness tests for several 
years, there has been no opportunity for them 
to see the results of their tests or compare results 
with other observers. 

The smaller deviations for the threshold ob- 
servations may be due in part to the fact that all 
of the experienced observers had good hearing 
and in part to better attention, due to experience, 
in observing thresholds. 


2. Variations of the loudness judgments of one 
observer 


The distributions of Fig. 4 are the results of 
one test each by a large number of observers. 
To determine the extent of an individual ob- 
server's distribution, i.e., his ability to repeat 
his result, a number of the observers were 
recalled to make repeated tests. It was suspected 
that the deviations of repeated tests would 
depend upon the time interval between the tests, 
so two different conditions were selected. The 
first was a time interval of three minutes, and 
the second, an interval of two weeks. Now 
instead of having one observer make repeated 
tests at intervals of three minutes or two weeks 
until a distribution curve could be plotted and 
the standard deviation computed, the standard 
deviation was obtained from the differences 
between two consecutive tests; that is, instead 
of computing a standard deviation, o, from the 
values, X1, X2, X3 +++ X,, obtained by repeating 
the test m times, a standard deviation, o,, was 





cor 
foul 


nut 
sep 
obs 
501 
tor 
the 
tw 
of | 
are 
sql 
nu 
on 
in 
de 
te 
be 


a es 





ervers, 


Vations 


rizes 
com- 

the 
bout 
»ting 
‘ates 
ther 
peri- 
oned 
‘vers 
veral 
hem 
sults 


ob- 
t all 
ring 
nce, 


one 


s of 
ers. 
ob- 
reat 
vere 
“ted 
yuld 
‘sts, 
The 
and 
Yow 
ted 
eks 
and 
ard 
ices 
ead 
the 
ing 
vas 


DEVIATIONS IN LOU 


computed from values of X¥,— Xe and then o was 
found by means of the relation, 


The values of X¥,—X2 were obtained by a 
number of observers making two tests apiece 
separated by the proper time interval. Eleven 
observers retested the loudness level of the 
5000-cycle tone and 13 retested the 100-cycle 
tone two weeks after making the first test .with 
the large group. Each observer on retest made 
two consecutive tests separated by an interval 
of about three minutes. The results of the retests 
are shown in Fig. 4 by the numbers in the 
squares. Comparison with the corresponding 
numbers in the circles shows that the observers 
on retest tended to retain their original positions 
in the distributions, which implies that the 
deviations of repeated tests by a single observer 
tend to be smaller than the deviations of a num- 
ber of observers making one test each. This is 
substantiated by a calculation of o for repeated 
observations using the method of differences* 
described above. The results of such calculations 
are shown in Table III. The deviations 11.2 and 
9.7 should compare with corresponding values of 
7.7 and 9.5 given in Table I for 100 observers. 
The calculated deviations for repeated tests are 
considerably smaller, as was to be expected from 
the data shown in Fig. 4. With a very short time 
interval between repeated tests, observers tend 
to reproduce their results quite closely. It should 
be noted that the time intervals used were 
relatively short and that, for intervals of a year 
or more, the o for repeated tests might not differ 
greatly from that for different observers. 


TABLE III. Comparison of deviations for single and re- 
peated tests. 


o for Repeated Tests 
One Observer 


o for 


Different 
Observers Two- | 
No. Making One| Weeks 3-Min. 
Test Observers | Test Each Interval Interval 


5000-cycle loudness level 11.2 3. 
100-cycle loudness level 13 9.7 5.2 
| 


2.0 
2.4 


wu 


‘Let xj, xj, be the observed voltage levels of ob- 
server (j) on repeated tests. A;=1xj;;—xj.=difference 
between first and second tests (j varies from 1 to N). 
o,=(X(4j—A mean)?/N)}=standard deviation of the 
differences between the repeated tests of N observers. 
@=0./ y(2)=standard deviation of repeated tests by one 
observer. 
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3. Effect of acuity of hearing on loudness judg- 
ment 


When the observers were called in for retest, 
they first made threshold measurements on the 
5000- or 100-cycle tone and then, without 
removing the head receivers, proceeded with the 
loudness level retest. Similar observations were 
made by the crew of experienced observers, so 
that data were available, for a group of 22 to 24 
observers, on the threshold voltage levels for the 
three tones, 1000, 5000, and 100 cycles, as well 
as loudness levels (expressed as voltage levels of 
the equally loud 1000-cycle tone) for the 5000- 
and 100-cycle tones. Using the same statistical 
procedure as in the previous section, it is possible 
to infer whether or not the threshold acuity of 
the observers for the pairs of tones that were 
compared had an influence on the loudness level 
judgment. This is done, for the case of 5000-cycle 
loudness balance and 5000-cycle threshold for 
example, by comparing the two quantities, 
o = (o;?+o27)! and oy. o; and o2 are the standard 
deviations of the 5000-cycle loudness levels and 
the 5000-cycle thresholds, respectively, both 
expressed in voltage levels. If x; is the 5000-cycle 
loudness level, and x2 is the 5000-cycle threshold, 
then o, is the standard deviation of the difference, 
xX, —2%. When o@ and og are equal, it may be 
inferred that there is no correlation between the 
observers’ hearing acuity and their loudness 
level judgments. The first row of Table IV shows 
a comparison of these quantities for the 5000- 
cycle loudness balance and 5000-cycle threshold. 
The second row shows the same comparison for 
the 5000-cycle loudness balance and 1000-cycle 
threshold. Rows three and four show the compu- 
tations for the case of the 100-cycle loudness 
balance, and the comparison is shown in rows 
five and six for the data taken with the large 
group of observers. On the latter test, the thresh- 
old was measured only at 1000 cycles. Since ¢ and 
o, are approximately the same in every case, it 
is concluded that the loudness judgments were 
not appreciably affected by hearing acuity. It 
should be noted that the conclusion inferred from 
Table IV is valid only for the observers used here, 
or for others having similar hearing character- 
istics. It is possible that the loudness judgments 
of individuals having impaired hearing may be 








78 J. ©. SPTEINSGERG 
dependent on their acuity under many condi- 
tions. 


4. Variations of the stimulus for different ob- 
servers 


The loudness level distributions of Fig. 4 were 
obtained with constant 5000- and 100-cycle 
receiver voltage levels for all observers, but one 
would expect that the actual stimulus intensity 
would vary from observer to observer, depending 
upon differences in the fit of the receivers and in 
the transmission properties of different ears. It 
is of interest to inquire into the effects of varia- 
tions in stimulus intensity on the observed 
loudness level distributions. For this purpose, 
recourse is made to tests with narrow bands of 
thermal noise. In one set of tests a band of noise 
was balanced for equality of loudness against a 
pure tone having a frequency equal to the mid- 
frequency of the band. In another set of tests 
the masking effect of the band on the tone was 
determined, that is, the threshold of the tone 
was measured in the presence of the noise. In 
both sets of tests, the different observers listened 
to a given noise band as produced by a pair of 
receivers when supplied with a constant voltage 
level. 

In the loudness test, each observer determined 
a voltage level of tone such that the tone and 
noise were equally loud. In the masking tests, 
the voltage level of tone was determined such 
that the tone was just audible in the presence of 
the noise. Since both the noise and the tone 
occupied the same frequency range, variations 
in the observers’ transmission efficiencies be- 
tween the receiver terminals and their central 
nervous systems would be expected to affect the 
noise and tone alike. In this case the voltage 
levels at which the tone is just audible in the 
presence of the noise, or is as loud as the noise, 
would be approximately independent of differ- 
ences in transmission efficiency. The standard 
deviations of the voltage levels obtained by 
eleven experienced observers on these tests are 
shown in Table V. The standard deviations of 
the loudness tests are two to three times larger 
than those of the masking tests. If variations in 
transmission properties did affect the balance 
points in these tests, such variations could not 
account for values of o greater than those 
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shown by the masking tests. This is taken to 
indicate that the element of loudness judgment 
alone is sufficient to account for the greater 
part of the o’s shown in the upper three rows, 
These standard deviations are of the same order 
of magnitude as those observed in tests where 
variations in transmission properties may be 
effective. The differences between the standard 
deviations of Table V and comparable deviations 
given in Tables I, II and III are not regarded as 
significant. On the basis of Table V it is con- 
cluded that different 
judgments of 
stimulus are sufficient to account for most of 


Variations in observers’ 


loudness for equal values of 
the variation of levels shown in Fig. 4. 


5. Effect of level upon loudness judgments 


Table V gives an indication of how the 
standard deviation varies with the level of the 
sound. There appears to be a tendency for the 
deviations to be somewhat smaller at very high 
or very low levels than for the in-between range. 
The effect, however, is not very pronounced, and 
in many tests that have been made the variation 
is even smaller than that indicated in Table V. 


6. Effect of the character of the sound 


The differences in character of the sounds 
being compared also affects deviations in loud- 
ness judgments. For example, in comparing a 
500- or 2000-cycle pure tone with a 1000-cycle 
the standard 
of the 


deviations 
obtained 


reference were 


two-thirds 


tone, 


about deviations 


TABLE IV. Correlation of hearing acuity and loudness. 


No. 
Tests Observers | @ (db) | ay (db) 
5000-cycle loudness, 22 12.7 | 13.9 
* 5000-cycle threshold 
» 5000-cycle loudness, 22 9.8 | 8.3 
“* 1000-cycle threshold 
; 100-cycle loudness, 24 9.1 9.9 
“* 100-cycle threshold 
4 100-cycle loudness, 24 8.3 8.5 
* 1000-cycle threshold 
< 5000-cycle loudness, 97 94, 9.6 
“* 1000-cycle threshold 
6, ,100-cycle loudness, 98 10.9 | 11.2 
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TABLE V. Standard deviations for bands of thermal noise. 


Test 


Loudness Balance of 1000-1200-Cycle Band of Thermal Noise 


Against a 1100-Cycle Pure Tone 


Approx. Loudness Level 


Loudness Balance of 3000-3200-Cycle Band Against a 3100- 


Cycle Pure Tone 


Loudness Balance of 125-225-Cycle Band Against a 180-Cycle 


Tone 


Masking of a 1000-1200-Cycle Band of Thermal Noise on 


1100-Cycle Pure Tone 
Masking of 3000-3200-Cycle Band on a 3100-Cycle Tone 


Masking of 125-225-Cycle Band on a 180-Cycle Tone 


when comparing a 100- or a 5000-cycle tone 
with the reference tone. 


DISCUSSION OF RESULTS 


In any particular case, such as the distribu- 
tions shown in Fig. 4, the observed standard 
deviations are the resultants of deviations arising 
from the various factors discussed above. It has 
not been feasible to so control the experiments 
as to show definitely how much each of the 
factors contributed to the observed deviations. 
Experiments on the calibration of receivers on 
actual ears indicate that, when working with 
high or low frequency tones, variations in fit of 
receiver or transmission properties of the ears 
could account for a standard deviation of as 
much as 5 to 7 db. The data of Table V indicate 
that variations in the element of loudness 
judgment for sounds of quite different tonal 
character could account for standard deviations 
of as much as 10 db. These are the most im- 
portant factors, the deviations arising from other 
factors probably contributing a negligible amount 
to the observed standard deviations. 

It is believed that experience would have some 
effect on the observed threshold level of the 
1000-cycle reference tones by the 100 observers. 
Experience would tend to increase the observers’ 
acuity of perception by a few db and decrease 
the standard deviations a small amount. 

The technique of making loudness comparisons 
has a considerable effect upon the magnitude of 
the standard deviation that is ascribable to 


No. of - ——_—_—— 
Observers 100 80 60 40 20 
11 5.5 8.5 10.5 8.5 6.5 

11 5.5 6.5 7.5 6.0 6.0 

11 6.5 7.0 7.5 oa YB 

2 

11 2.0 3.0 2.5 3.5 23 

11 3.0 3.0 3.0 y B 3.5 


variations in the element of loudness judgment. 
The standard deviations reported in this paper 
are some 50 percent larger than the deviations 
calculated from tests on pure tones that were 
reported earlier.' In the present tests, an ob- 
server's approximate balance point was found, 
as described above, by permitting him to listen 
to a range of some 70 to 80 db in reference tone 
levels. In the earlier tests an approximate 
balance point was not obtained. Four observers 
listened simultaneously to a 32 db range of 
reference tone levels and made their judgments 
accordingly. The range presented was selected 
by the operator on a trial and error basis. As 
judged from the present tests it seems likely that 
a 32 db range was too small to give each observer 
the needed latitude to find his own balance 
point. As a result, the standard deviation was 
somewhat smaller than would be obtained when 
each observer is permitted to select his balance 
point from a much wider range of reference tone 
levels. 


CONVERSION OF RECEIVER VOLTAGE LEVELS TO 
INTENSITY LEVELS 


Table VI summarizes the mean voltage levels 
obtained by the different testing crews in the 
tests described above. The upper rows of the 
table are voltage levels of the tones for equality 
of loudness. The lower rows give the mean 
threshold voltage levels. In all of the loudness 
tests the voltage levels of the 100- and 5000-cycle 
tones were constant. The variations of the mean 
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TABLE VI. Mean voltage levels—db from 1 volt. 




















1000- 100- 1000- 5000- 
Cycle Cycle Cycle Cycle 
Testing Crew Tone Tone Tone Tone 
100 Inexperienced Observers | —50.0 | —24.3 | —47.5 | —39.2 
13 Inexperienced Test No. . eg Bi og Be a 
Observers rt Sig Be St 
\ 3 —44.7 —24.3 | —46.9 —39.2 
pg 6 eet No. t —49.9 | —24.3 | —50.9 | —39.2 
— i 3 —41.6 | —24.3 | —44.0| —39.2 
sian ie 3 —43.7 | —24.3 | —45.4 | —39.2 

100 Inexperienced Observers — 103.0 | = —_ j— 
13 = — 104.2 —52.8 |—105.3 | —89.8 

| 


11 Experienced x6 ‘Seen |} —59.5 — —97.8 


voltage levels of the equally loud 1000-cycle 
tones for the different tests with small groups of 
observers are of an amount that would be 
expected from the standard deviations shown in 
Table I. The mean threshold voltage levels are 
somewhat larger for the inexperienced than for 
the experienced crew. The better hearing acuity 
of the experienced observers is partly due to 
their experience in observing and possibly to an 
average age in the early twenties as compared 
with an average age of 30 for the inexperienced 
group. 

The calibration of the receivers was obtained 
during the work on loudness that has been 
described by Fletcher and Munson.' The in- 
tensity levels per volt from Fig. 1 of their report 
are as follows: 100 cycles, 95.0 db; 1000 cycles, 
112 db; 5000 cycles, 99.0 db. The calibration 
means, in the case of a 100-cycle tone for 
example, that an intensity level of 95 db of a 
free wave in air when listened to with both ears 
is as loud as a 100-cycle tone heard from two 
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receivers when a voltage of 1 volt is applied to 
the receiver terminals. This calibration was 
obtained by listening to a free wave in air and 
then listening to a tone of like frequency from a 
pair of receivers and balancing for equality of 
loudness. The calibration is obtained by measure- 
ments of the intensity level of the free wave in 
air and the receiver voltage level of the equally 
loud tone. The calibrations given above are the 
mean intensity levels per volt. The standard 
deviations for the three tones are 3.0, 5.5, and 
4.5 db, respectively, so that any one individual 
may show considerable deviation from the mean 
values. The mean voltage levels of Table VI are 
converted to mean free wave intensity levels by 
using the above calibration. 

The intensity level of the 100-cycle tone was 
70.7 db and the mean loudness level for 100 
observers was 62.0 db. The corresponding loud- 
ness level reported by Fletcher and Munson is 
59 db, a difference of 3.0 db. The intensity level 
of the 5000-cycle tone was 59.8 db and the mean 
loudness level for 100 observers, 64.5 db. The 
corresponding value from the Fletcher and 
Munson report is 60.0, a difference of 4.5 db. 
Similar differences are found when the results of 
the eleven experienced observers are compared 
with their earlier results. Although these differ- 
ences may be somewhat larger than one might 
desire, they do not appear to be inconsistent 
with the standard deviations given in Table I. 
When sounds of different tonal character are 
compared by small groups of observers, one 
must expect appreciable differences of judgment 
to occur. 
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NBC Studio Design* 


Ropert M. Morris AND GEORGE M. Nixon, National Broadcasting Company, New York, N. Y. 
(Received May, 1936) 


URING the past ten years there have been 

many technical improvements in radio 
broadcasting. Frequency range and harmonic 
distortion of amplifiers have been improved. The 
power and service areas of radio transmitters 
have been greatly increased. Microphones and 
loudspeakers having many improvements have 
been developed. In keeping with this progress, 
the design of the point of program origin, the 
broadcast studio, has of necessity been materially 
advanced. It is now possible to state rather 
definitely what acoustical conditions are required 
for a studio to be satisfactory under a wide 
variety of circumstances. It is further possible, by 
proper specification and use of acoustical and 
structural materials, to obtain these conditions in 
practice with acceptable precision. 

Most of the criteria recommended herein have 
been established as the result of acceptance in 
network service under the most critical of cir- 
cumstances. Wherever possible, however, it has 
been attempted to rationalize observations based 
on musical taste with contemporary theory. The 
relation between frequency and optimum re- 
verberation time which has been found desirable 
for broadcast studios was originally obtained by 
correlation of reverberation time characteristics 
of studios regarded as having good acoustics. 
The results were found to approximate the curve 
advanced by McNair as a result of theoretical 
analysis. 

A person faced with the problem of designing 
and specifying the construction of broadcast 
studios may be in any of several positions. He 
may have to add a single studio to an existing 
plant. He may, because of obsolescence, be re- 
quired to devise new and improved treatment for 
studios to be otherwise unchanged. He may in 
rare instances have the problem of designing a 
complete studio plant in either an existing build- 
ing or one to be erected for the purpose. 

It may be well, therefore, to consider briefly 
factors limited to the general design of multiple 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May, 4 1936. 
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studio layouts and to elaborate on fundamental 
design features applicable to any studio. 

The choice of location for a studio group is 
usually not wholly the prerogative of the acous- 
tical engineer. It is however necessary that cer- 
tain fundamental requirements be met if satis- 
factory service is to be rendered. A building must 
have widely spaced columns to accommodate 
moderate-sized studios. The space between floors 
must be adequate to accommodate overhead air- 
conditioning ductwork and still provide necessary 
studio ceiling height. An investigation should be 
conducted as to the type of business of other 
occupants of the building, from the standpoint of 
noise. A building, for example, housing large 
printing presses or machinery, may at first appear 
desirable but be found uneconomical because of 
the necessity of additional sound isolation: 
Studios are usually best situated within the 
“entertainment center” of a city, thus affording 
accessibility for artists and general public. 

The number of studios provided must accom- 
modate rehearsals to the extent of six times the 
broadcast period.-A recent investigation of studio 
usage in the NBC revealed a ratio of rehearsal to 
program time for sustaining programs of 4.3 to 1 
and for commercial programs of 10 to 1. The 
average for over-all operation was 6.3 to 1. For a 
continuous program therefore, eight studios are 
necessary. This number is reduced, of course, if 
some program material is obtained by network or 
transcription. 

Broadcast programs vary over wide limits both 
as to type of program and number of artists in- 
volved. In some cases, no one is permitted in the 
studio other than those concerned in the broad- 
cast, in others, a large audience is invited. The 
answer to the problem is the provision of studios, 
suitably graduated in size and corresponding 
acoustical condition, to accommodate anticipated 
loading to the best advantage. Studios usually 
fall into one of three general classifications. The 
smallest of the three, the speakers’ or living room 
studio, ranges in size from 2000 to 4000 cubic feet 
(Fig. 1). The most common type, the general 
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Fic. 1. Speaker’s studio. NBC, Radio City. 
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Fig. 3. Auditorium studio. NBC, Radio City. 


purpose studio, varies in volume from approxi- 
mately 4000 to 40,000 cubic feet (Fig. 2). The 
auditorium studio, built specifically to accommo- 
date an audience, is the largest of the three types 
and has no well defined limits. The largest of this 
type at present has a volume of 320,000 cubic 
feet (Fig. 3). 

Fig. 4 shows a relation between studio volume 
and optimum number of artists determined 
originally from actual data on studio usage and 
justified since by results in studios built in 
accordance with it. 

There is also shown a curve indicating max- 
imum number of persons which the studio will 
accommodate if an audience is to be permitted. 
This is determined by available seating space, 
Hoor loading, and air-conditioning. Curves show- 
ing recommended dimensions as a function of 
volume are also given. 

The admission of large audiences to studio 
programs with the consequent introduction of 
considerable absorption, is not as undesirable 
from the acoustical standpoint as might at first 
appear. For example, a studio of 20,000 cubic feet 
(reverberation time empty, of 0.7 second) will 
with a 20 piece orchestra, set up in accordance 


with normal practice, have a reverberation time 
of 0.66 second at 1000 cycles. If it is desired to 
permit an audience of 200 to witness the per- 
formance, the program is of necessity shifted to a 
larger studio of say 70,000 cubic feet and a time, 
empty, of 0.9 second. However, the reverbera- 
tion time of the larger studio, when occupied by 
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the 220 people is reduced to 0.64 second. The 
effective reverberation time for the performing 
group is therefore essentially the same in both 
cases. : 

Broadcast operating technique requires the 
provision of space for control booths so located 
that the studio engineer has an unobstructed 
view of the studio. Additional space is required 
for the main control room in which technical 
supervision of program transmission is exercised ; 
also space for necessary technical equipment 
arranged for convenient maintenance. 

In the larger studio groups, separate spaces 
are of necessity provided for these functions as 
shown by the 3rd and 4th floor plans of the 
NBC Studio Section, Radio City, N. Y., Figs. 
5 and 6. 

The smaller station may be forced to effect 
compromises and combine these three require- 
ments into one room. It will be observed in Fig. 7, 
which showsa satisfactory arrangement of studios 
with common control room, that one of the 
compromises in this particular plan is inadequate 
vision of Studio C as viewed from the position 
of the control operator. 
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SouUND ISOLATION 


It is obvious that simultaneous operation of all 
studios must be possible without mutual inter- 
ference or disturbance from extraneous noises. 
The use of corridors between studios will 
materially assist in the attainment of the high 
degree of sound isolation necessary. Where 
studios must be adjacent, separate structural 
walls for each should be erected, thereby pro- 
viding a double wall with an intervening air 
space. 

Partitions constructed of materials of the 
cinder block type have been found more desirable 
than those of terra-cotta because of the increased 
attenuation for equivalent mass per square foot 
and the absence of any pronounced resonance 
within the audible range. 


Isolation of this form is generally satisfactory 
for the attenuation of airborne sounds, but is 
rather ineffective in the reduction of noises due 
to structural vibration or impact. Efficient and 
economical reduction of these ‘mechanical 
noises”’ is accomplished by the resilient mounting 
of the studio walls, floor, and ceiling. Systems 
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utilizing felt, springs, and other materials for 
achieving this effect, are commercially available 
and will not be further described in this paper. 


REVERBERATION PERIOD 


Of those factors going to make up the term 
“acoustics” as applied to broadcast studios, the 
reverberation time is perhaps the most impor- 
tant. Several factors combine to determine the 
most desirable, or optimum, reverberation time. 
Besides volume and frequency, which of course 
are the most important, there is the type and 
tempo of music to be rendered, and to a lesser 
extent the variety of microphones employed. The 
directional properties of various microphones 
affect the ratio of direct to reflected sound and so 
influence the placement and manner of use. 

As previously mentioned, the relation of 
reverberation time to frequency and volume used 
by the NBC for the calculation of acoustic 
treatment in studios was obtained principally 
from experience. This relationship is shown in 
Fig. 8. The reverberation time for a given volume 
is obtained from curve A and multiplied by the 
frequency factor obtained from curve B for each 
frequency calculated. It will be noted that the 
frequency range extends from 60 to 8000 cycles. 
Calculations are normally made for studio 
treatment from 60 to 6000. While this 


is a 


somewhat greater range than is customarily 
encountered in acoustical work, it is still con- 
siderably less than that of electrical measure- 
ments in associated apparatus and it is hoped 
that this range may be extended. 


ACOUSTICAL MATERIAL 


The optimum reverberation time characteristic 
dictates the necessary absorption which must be 
provided in any given studio. It may be of 
interest to acoustical manufacturers, and others, 
to consider determining factors for the minimum 
absorption coefficients of a material which may 
be applied to a broadcast studio. The studio floor, 
for practical reasons, is best covered with lino- 
leum or similar material having practically no 
An of 
nonabsorbent material extending three and one- 
half feet up from the floor is also necessary. 


absorption. abuse-resisting wainscot 


Doors and large observation windows must 
occupy an appreciable portion of the wall surface. 
The area for treatment, 
therefore, particularly in small studios, is rather 
limited. Frequently, as little as half the total 


surface area of the room is available for treat- 


available acoustical 


ment. An acoustical material applied over the 
entire available surface in such a case, must, to 
produce optimum reverberation time, possess at 
least 55 percent absorption at 1000 cycles. This 
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TABLE I. Comparison 
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of absorption coefficients. 





Frequency 64 128 256 512 1024 2048 4096 6000 Laboratory 
Rockoustile — 29 34 67 81 65 - AMA 
Rockoustile 6 13 18 50 70 58 56 54 NBC 
Acoustone ~ 19 39 66 78 65 - — AMA 
Acoustone - 18 31 50 59 50 45 NBC 
Acousti-Celotex BBB — 19 41 91 92 92 AMA 
Acousti-Celotex BBB 8 16 31 66 66 64 62 56 NBC 


situation unfortunately limits the number of 
satisfactory acoustic treatments available at 
present very seriously; especially so, from the 
decorator’s viewpoint. It should be understood 
that this figure of 55 percent is somewhat more 
serious than would seem to be the case from an 
inspection of data published by the manufac- 
turers. The published coefficients of acoustical 
materials have not been found satisfactory in the 
calculation of studio treatment. In general, the 
published coefficients are high and_ require 
revision by a factor of approximately 0.7. 
Measurements made of samples of acoustic 
treatment in the laboratory of the National 
Broadcasting Company have been consistently 
lower than published data, and have been found 
to agree well with coefficients obtained of material 
applied in a studio. In practice it has been 
possible to use data obtained from NBC measure- 
ments in the specification of acoustic treatment 
and have resulting reverberation times agree 
with desired values within ten percent. See Figs. 
9, 10 and 11. 

A comparison of the absorption coefficients of 
some of the better known materials as measured 
by the AMA and by NBC may be of interest and 
is given herewith. It should be understood that 
no criticism is intended or implied of either the 
AMA or these materials in the presentation of 
these data (Table I), especially since we are not 
as yet in a position to make constructive 
recommendations. It is hoped that this may be 
the subject of a paper at a later date. 

Acoustical materials such as Acoustone, 
Rockoustile, and Acousti-Celotex are most effi- 


cient at the medium and higher frequencies, and 
are chosen usually for the variation in decoration 
which they make possible. Due to their deficiency 
in the lower frequencies, a material having more 
than optimum absorption in the bass range, such 
as 4-inch rock wool blanket, must be used in 
conjunction with tile treatments. 

Acoustical plasters offer additional possibilities 
from the standpoint of the decorator. Unfortu- 
nately, however, they have proved, in practice, 
disappointing almost without exception. The 
majority of plasters do not have sufficient 
absorption to be used in studios, except in small 
areas, and frequently the coefficient of the 
material as applied under job conditions is 
considerably below that measured in the labora- 
tory or supplied by the manufacturer. 


““‘BREATHING”’ 


An effect which has caused much difficulty in 
connection with the use of acoustic treatments 
and which should be taken into consideration in 
acoustical design is that of ‘‘breathing.’’ Breathing 
appears to be caused by a difference in air 
pressure through a partition. Pressure differences 
as low as 0.001 inch water can apparently cause 
an appreciable collection of dust and dirt in 
several months. Factors which have been in- 
vestigated and which seem to contribute their 
share to the breathing problem are: variations in 
pressure due to operation of an air-conditioning 
system, variations due to opening and closing 
doors, stack effect, and changes in barometric 
pressure. 
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NBC STUDIO DESIGN 89 
; TypPicAL Work SHEET 
Volume—19,000 cubic feet O5V =950 
Length—45’ Width—30' Height—14’ 
Perimeter—150’ Wainscot Height—3’ 6” 
Floor 1350 sq. ft. Wainscot 525 sq. ft. 
Ceiling 1350 sq. ft. Floor 1350 sq. ft. 
Side Wall 630 sq. ft. Windows, etc. 100 sq. ft. 
Side Wall 630 sq. tt. yr 
End Wall 420 sq. ft. 1975 sq. ft. 
End Wall 420 sq. ft. ; 
— ee Available for treatment 2825 sq. ft. (total) 
Total Area 4800 sq. {t. Available for treatment—Walls 1675 sq. ft. 
Frequency 64 128 256 512 1024 2048 4096 6000 
Required Absorption 650 790 980 1120 1180 1180 1100 960 
1350 sq. ft. Concrete 80 70 55 40 40 40 40 40 
930 sq. ft. 4” R.W. 370 470 560 680 680 600 560 510 
750 sq. ft. Rockoustile 80 100 145 370 520 430 420 400 
1770 sq. ft. Furred plaster 160 130 90 70 50 50 50 50 
690 770 950 1160 1290 1120 1030 1000 
720 860 1040 1320 1400 1280 1150 1090 
Calculated Time 1.32 1.1 .92 73 .68 73 81 .88 
Optimum Time 1.35 | .88 74 70 10 78 .88 


Notes: Ceiling border furred plaster 3’ wide around periphery of studio. 


Fic. 


“Breathing’’ can in some cases be remedied by 
sealing walls of rough plaster prior to application 
of acoustic treatment, to reduce air flow. Using 
rock wool blanket, the only solution found to 
date, consists of omitting any covering over the 
perforated membrane which will collect dust, and 
employing paint for the desired decorative effect. 


Stup10 TREATMENT 


Fig. 12 shows a sample work sheet indicating 
the method used in determining treatment of a 
studio. After the volume, surface areas, and 
essential dimensions have been tabulated, the 
necessary total absorption at all frequencies to 
obtain optimum reverberation time is deter- 
mined. Preliminary calculations at 128 and 1024 
cycles with the materials considered for use will 
facilitate adjustment of the relative areas of 
treatment to obtain the required total absorption. 
The need for calculation at all frequencies is 
thereby obviated, hence the adjustments neces- 
sary for final calculation are relatively small. 
Where ‘‘floating construction” of walls and 
ceiling is used, proper allowance must be made 
for the effective increase in absorption at the 
lower frequencies. The average absorption coeffi- 
cients are sufficiently high to make the use of the 


12. 
more accurate Eyring formula preferable to that 
developed by W. C. Sabine. 

The optimum reverberation time character- 
istic may be obtained in a studio by a sufficient 
area of one treatment having the desired fre- 
quency absorption curve. The use, however, of 
the proper relative areas of two or more treat- 
ments of complementary characteristics to secure 
the proper total absorption is usually preferable 
because of the latitude afforded in the decorative 
or aesthetic treatment of the studio. 





Fic. 13. Studio 3A, NBC, Radio City. 








Fic. 14. Studio A, NBC, Pittsburgh, Pa. 


Fig. 13 shows Studio 3A, Radio City, New 
York, in which two treatments have been em- 
ployed. The wall treatment chosen primarily for 
its decorative value is arranged in vertical strips 
alternated with hard 
treated with 


plaster. The ceiling is 
blanket covered with 
painted perforated transite except for a hard 
plaster border around the periphery of the room. 
Studio A, NBC, Pittsburgh shown in Fig. 14, is 
of interest because of the ornate decoration and 


rock wool 


the unusual “‘splayed”’ ceiling. The wall treat- 


ment is continuous above the wainscot; the 
decoration is applied by sponge-painting through 
a stencil. The flat portion of the ceiling is entirely 
treated with rock wool blanket covered with a 
perforated transite. The ‘“‘splayed’’ portion is 


rock 


blanket. The entire area, however, is covered 


treated in alternate panels with wool 
with the painted perforated membrane. The 
ceiling borders or “‘soffits’’ are of hard plaster. 
Fig. 15 shows Studio A, Hollywood, which is 
representative of the auditorium type studio in 
which a stage and permanent upholstered seats 
have been provided. The ceiling above the stage 
is treated with rock wool blanket covered with 
painted celotex. The 


perforated hard-board 
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Fic. 15. Studio A, NBC, Hollywood, Calif. 


auditorium ceiling is of hard plaster because of 
the carpeted 
walking areas. The wall treatment is arranged in 


heavily upholstered seats and 
horizontal bands with intervening bands of hard 
plaster. 

It will that in all that 


parallel and opposite reflectant surfaces have 


be observed cases 
been avoided to prevent persistent reflections or 
flutter. Where, of necessity, large reflectant areas 
are in opposition the surfaces are ‘‘V'ed”’ or 
ornamentally treated to effectively disperse 
impinging sound. The stage area where micro- 
phones would normally be located is treated as a 
general purpose studio, with linoleum floor and 
acoustically treated ceiling. 

Studio design is therefore no longer a matter of 
guesswork or “‘trial and error’? methods. Certain 
acoustical criteria previously used such as the 
optimum time, were the result of the critical 
judgment of comparatively few people. The 
present standards are the result of years of 
operating experience and the collective judgment 
The 


accuracy now possible does not approach that of 


and opinion of thousands of listeners. 


allied engineering fields but progress has been 
made toward that end. 
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Vocal Resonance* 


Don Lewis, State University of Iowa, Iowa City, Iowa 
(Received April 10, 1936) 


HE purpose of this paper is to describe a 

procedure for investigating the resonance 
properties of the vocal cavities and to summarize 
data already secured. In general, the procedure 
involved a determination of the harmonic struc- 
ture of waves selected from among those within 
single pitch vibrato cycles of sustained vowels. 
The analytical data were then treated in such a 
way as to throw light on the characteristics of the 
vocal resonators. 

It was tentatively assumed, at the outset, that 
the steady-state (or harmonic) theory more or 
less adequately describes the process of vowel 
production. This theory, which might well be 
called the cord-tone-resonance theory, states in 
effect that the vocal cords, during phonation, set 
up in air immediately adjacent to them a complex 
motion which consists of a fundamental com- 
ponent and a large number ef its overtones. This 
complex motion constitutes the so-called cord- 
tone. The theory further states that the vocal 
cavities, on which the cord-tone acts as a force, 
have the properties of simple resonators and thus 
serve to modify the spectrum of the energy flow- 
ing from the cords. In terms of this theory, a 
vowel sound, as emitted from the mouth, is due 
to both selective generation and selective trans- 
mission (to say nothing of selective radiation), 
and it is composed mainly of a harmonic series of 
simple motions, each of which has a determinable 
magnitude. The assumption was, therefore, that 
a cord-tone is produced and that this tone is 
selectively altered by the action of simple 
resonators. It was felt that the validity of the 
assumption could be checked by means of the 
experimental data. 

An illustration will be helpful in explaining 
certain features of the general experimental pro- 
cedure and in clarifying fundamental concepts. 
Given a simple acoustical resonator, the response 
curve of which is shown in Fig. 1. As indicated, 
the resonant frequency is 500 cycles; the fre- 
quency band width, 40 cycles. The damping 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 
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constant in db per second is 1092, that is, 27.3 
times the frequency band width.' The values for 
this curve were determined theoretically. Prac- 
tically identical values would be secured if exact 
measurements of radiated energy were made after 
the resonator had been coupled to a sound source 
which would produce any required simple fre- 
quency and which had a known energy output. 
Suppose, however, that the resonator were 
coupled to a source which would produce a 
complex sound composed of a fundamental com- 
ponent and, say, its first nine overtones, all of 
which were equal in intensity before coupling. 
If the fundamental component had a frequency of 
100 cycles, the overtones would necessarily have 
frequencies of 200, 300, 400, and so on up to 1000 
cycles. The intensity levels of the different par- 
tials, as radiated from the resonator, would be 
proportional to certain ordinate values of the 
curve (Fig. 1). If the frequency of the funda- 
mental were increased to 110 cycles, the overtones 
would have frequencies of 220, 330, 440, and so 
on up to 1100 cycles, and the various partials 
would be radiated with intensity levels propor- 
tional to a different set of ordinate values. Or 
assume, more aptly in view of later analogy, that 
the frequency of the fundamental could be in- 
creased by steps of 1 cycle, from 100 to 110 dv. 
The overtones would naturally increase by pro- 
portional amounts. The 5th partial, for example, 
would increase by steps of 5 cycles, from 500 to 
550 dv. If measurements were made of the 
radiated energy in this partial as it increased in 
frequency, they would show its intensity level 
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! Some basic relations holding in singly-resonant acous- 


tical systems are given in Appendix A. 
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decreasing. Similar measurements of the 6th and 
higher partials would show them also decreasing 
in intensity level, each partial decreasing by 
different amounts. The levels of the partials be- 
low the 5th would increase with 
frequency. 

It becomes apparent that, by means of har- 
monic analysis, the response curve of a simple 
resonator could be quite accurately determined 
if the resonator were coupled to a source which 


increase in 


emitted a complex sound composed of several 
consecutive harmonics, the individual magni- 
tudes of which were known. Particularly could 
this determination be made if the frequency of 
the fundamental (and, consequently, the fre- 
quencies of the overtones) could be varied over a 
range of a few cycles and if, meanwhile, the 
source spectrum could be kept constant. 

The general principles just reviewed form the 
basis for the present investigation. There are 
vocal cavities which act, supposedly, as simple 
resonators. There is a source coupled to the cav- 
ities which emits complex sounds. And what is 
more important still, the source, during the pro- 
duction of a sustained vowel, varies in frequency 
more or less systematically—without conscious 
effort on the singer’s part. (This frequency varia- 
tion is the pitch vibrato.) Harmonic analysis of 
single periods selected from those within single 
pitch vibrato cycles should yield data on the 
resonance properties of the cavities.’ 

Assumptions other than the one on vowel 
theory were made. They were, first, that a good 
singer can hold his vocal cavities essentially 
constant during his production of a sustained 
vowel; second, that during a sustained vowel 
produced by a good singer, the mode of action of 
the vocal cords is essentially invariable except 
for frequency variations such as characterize the 
pitch vibrato; third, that transient effects* in sus- 

2 This statement is based upon the belief that the 
damping constants of vocal resonators are such as to 
permit approximately maximum resonance in_ periods 
shorter than fundamental periods of the cord-tone. To 
make the viewpoint more tenable, low pitched tones were 
used in the investigation. 

3 Transients in sustained vowels may be described as 
sounds due to vibrations which arise from the initial 
application of the driving force (the cord-tone) to the vocal 
cavities or from sudden changes in the driving force. 
These vibrations die out very rapidly. Transient vibrations 
may also arise as the result of eddies set up by air from the 


glottis flowing past more or less rigid structures such as the 
hard palate and the teeth. 
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tained vowels are relatively unimportant; and 
fourth, that the harmonic analysis of a given 
single period of a sustained vowel yields valid 
descriptive data on that period. The second as. 
sumption—on the constancy of action of the 
vocal cords—needs elaboration. What it implies 
is that the action of the cords, and thus the spec- 
trum of the energy flowing from them, would be 
essentially invariable, except for frequency, if the 
source were not coupled to the resonators. In 
other words, the assumption is that such changes 
in harmonic structure as occur from period to 
period in a sustained vowel are to be regarded, 
on the whole, as indicative of the resonance 
properties of the vocal cavities.‘ 

One further point should be made. Unfortu- 
nately, little or nothing is known about the exact 
nature of the cord-tone spectrum. At first, this 
lack of knowledge seemed to cast considerable 
doubt upon the feasibility of the general plan of 
procedure. On second thought, however, it was 
decided that the experimental data might reveal 
information about the cord-tone as well as the 
resonators. This decision had some justification, 
as will be shown later. 

Trained male voices were used in the investiga- 
tion. The singers stood in a dead room® about 
fourteen inches from the pick-up microphone and 
sang specified vowels at a medium-loud level. 
The dead room was used to minimize interference 
effects. Oscillograms covering about one-half 
second were made during the middle portion of a 
vowel sustained for about six seconds. The fre- 
quency response characteristics of the recording 
system were checked at the time the records were 
made. All of the waves in each oscillogram were 
measured for fundamental frequency by a pro- 


4 Perhaps the assumption can be made clearer by means 
of a mathematical expression. For illustrative purposes, 
think of the vocal cavities as constituting one singly- 
resonant system. This system is actuated by the cord-tone, 
a complex driving force. Eq. (1) in Appendix A can be 
rewritten as follows to express a specific case: 


Vi. = F,./[R?+ (wt — S/o, 2}, 


where F; is the driving force of the kth component of the 
cord-tone, w,=2zf;, f; being the frequency of this com- 
ponent, and V; is the resulting velocity for the component. 
The assumption is that F, does not change appreciably 
during a pitch vibrato cycle of a sustained vowel and that 
changes in V; (and thus changes in the radiated energy in 
the kth component) are due primarily to variations in 
impedance which, in turn, are due to variations in f;. 

5 The noise reduction coefficient of this room is approxi- 
mately 0.90. 
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jection method, the reliability of measurement 
being very high. Waves were then selected from 
those within certain pitch vibrato cycles, to be 
analyzed with a 40-component Henrici analyzer. 

Fig. 2 shows, on the right, portions of the oscil- 
lograms of five “‘AH’s” as sung by four different 
male voices. The pitch of each vowel is indicated.° 
On the left, in the figure, are curves which show 
the fundamental frequencies of the five groups of 
At the top, for example, there is a rising 
curve which extends from slightly less than 120 
to about 128 dv. This curve is from the trough to 
the crest of a pitch _vibrate-cycle. What the in- 
vestigation required was a determination of how 
the harmonic structure of this sound varied from 


Waves. 


wave 74, which had the lowest, to wave 85, which 
had the highest fundamental frequency. If this 
singer’s resonators and cord-tone spectrum re- 
mained essentially constant during this short 
interval of time (about 1 
analysis of the waves would reveal how the 





®In terms of the pitch notations used in this paper, 
middle C (261.6 dv/sec.) is C;. 
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resonators affected the various partials of the 
cord-tone and thus would furnish information 
Seven of the 
twelve waves were selected to give a fairly even 
distribution of fundamental frequencies from 120 
to 128 dv, and these waves were then analyzed. 

The other frequency curves in Fig. 2 need no 
specific interpretation. The main point to be 
made is that each group of waves showed either 
an increase or a decrease in fundamental fre- 
quency and that certain of the waves were se- 
lected for analysis on the basis of their frequency. 


about the resonators themselves. 


The results of the analysis of these selected waves 
are given in the five graphs of Fig. 3. 

Detailed consideration will be given to the 
second graph from the top. This particular graph 
presents data on the vowel ‘““AH”’ as sung by a 
trained baritone. Relative intensity in db is 
plotted against frequency, an intensity range of 
40 db being used.’ The plotted values represent 


7 Each zero db level in Fig. 3, as well as each one in Figs. 
4, 5, and 6, was arbitrarily set at 20 db below the maximum 
r.m.s. value among the r.m.s. values of the analyzed waves 
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data secured from the analysis of nine waves 
which ranged in fundamental frequency from 103 
to 112 cycles. Think of the cord-tone as the 
source coupled to the vocal cavities which acted 
as simple resonators. The cord-tone changed in 
fundamental frequency and the frequencies of 
the overtones naturally changed by proportional 
amounts. With the fundamental at 103, the over- 
tones were at 206, 309, 412, etc. With the furnda- 
mental, on the other extreme, at 112, the over- 
tones were at 224, 336, 448, and so on. In the 
graph, the relative intensity levels of the various 
partials in the nine analyzed waves are indicated 
by small dots. The dots corresponding to inten- 
sity level values for the same partial, regardless of 
wave, are connected by straight lines to empha- 


of the corresponding complex sound. All of the graphs are 
immediately comparable in terms of this reference point. 





size intensity changes in that partial and to show 
general contours. There is, therefore, a curve in 
the graph for each partial. The nine different 
values for the fundamental component are clus- 
tered at the extreme left, between 103 and 112 
cycles. They show a variation in relative intensity 
of slightly more than 1 db. The first three over- 
tones likewise had little intensity variation. The 
5th partial, as indicated by the first sharply rising 
curve, had an intensity change of about 9 db, its 
frequency range being nearly 45 cycles. The 
lowest point on this curve represents the relative 
intensity level of the 5th partial in the wave with 
the lowest fundamental frequency; the highest 
point, the relative level of the same partial in the 
wave with the highest fundamental frequency. 
The 6th partial had slight intensity variation. Its 
general intensity level was greater than that for 
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anv other partial. Its frequencies were apparently 
close to the resonant frequency of the first reso- 
nator. Values for the other partials may be seen 
on the graph. Each partial up to and including 
the 35th is represented. Beginning with the 12th 
partial, there is an overlapping of two curves, and 
from the 24th on, an overlapping of three curves. 

There is no need for a detailed consideration of 
the other four graphs in Fig. 3. The main thing 
to notice is how the relative intensity levels of 
the various partials changed as they changed in 
frequency. A striking feature of all of the graphs 
is the way the curves for certain partials, when 
viewed together, form contours which resemble 
the response curves of simple resonators. In the 
bottom graph, for example, the first contour 
peaks close to 675 cycles, with curves for the 6th, 
7th, 8th, and 9th partials involved in its forma- 
tion. The second contour in the same graph peaks 
at about 1150 cycles, with curves for the 12th, 
13th, 14th, 15th, and 16th partials giving it its 
general form. The other major contours in the 
five graphs of Fig. 3 are obvious enough, as is the 
frequency region where each tends to peak. It 
should be noted that every graph shows at least 
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four prominent contours, two below 1400 cycles 
and two above 2400 cycles. These contours point 
to the operation in these voices of at least four 
simple resonators of importance during the 
production of the vowel ‘‘AH”’ at the pitches 
specified. And it is possible that other resonators 
of minor importance were operative. In this con- 
nection, note as examples the minor contour 
between about 1500 and 1800 cycles in the middle 
graph and the one between 1500 and 1700 cycles 
in the second graph from the top. 

Data for four other typical vowels, as sung by 
a trained baritone, are presented in Fig. 4. The 
pitch was A;. The most obvious thing about the 
four graphs here, as in those in Fig. 3, is the way 
general contours are formed by curves for certain 
partials—contours which resemble simple reso- 
nance curves. It would seem that each of the four 
vowel sounds was dependent upon the selective 
action of five simple resonators on the cord-tone, 
some of these resonators being much more im- 
portant than others. There is no way of knowing 
whether the cord-tone of this singer was essen- 
tially the same in harmonic structure from vowel 
to vowel, but it is apparent that the high fre- 
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quency resonators (that is, those above 2400 
cycles) radiated relatively different amounts of 
energy for the different vowels. The extreme dif- 
ference, which was quite marked, was between 
“OO” and ‘“EE.”’ 

The four graphs in Fig. 4 and the second 
graph from the top in Fig. 3, all of which give 
data on vowels sung at A; by the same singer, 
were used as the basis for securing preliminary 
information about resonant frequencies and 
damping constants. In Fig. 5, these five graphs 
are again shown, together with simple resonance 
curves which were found, by a series of approxi- 
mations, to fit the experimental data best.* No 


8 On the basis of the location and general shape of the 
contours formed by the experimental data, values for Fr 
and DF for each curve were determined empirically. The 
curves were then plotted by a method described in Ap- 
pendix B. 


claim is made, of course, that these curves are 
absolutely correct, but they are undoubtedly in- 
dicative of the essential facts. It should be re- 
membered that they deal with the resonators of 
only one singer—a trained baritone. The reso- 
nant frequency Fp and the frequency band width 
DF for each curve are given in the figure. The 
damping constants in db per second (computed 
as 27.3 DF)® range from about 800 to about 3000, 
with a majority of them falling below 2000 db 
per second. Those constants greater than 2000 db 
per second are all for resonators with resonant 
frequencies above 2400 cycles. The constants 
here reported are quite different from those 
given by Stewart,’ but they are similar to, 


*See Appendix A. ; 
10 J. QO. Stewart, ‘An Electrical Analogue of the Vocal 
Organs,”’ Nature 110, 311 (1922). 
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though in some cases smaller than, those sug- 
gested by Steinberg.!! 

No attempt will be made to ascribe to the 
operation of any resonators any particular part 
of the total quality of a given vowel. It may be 
that the typical quality of a vowel is determined 
mainly by the two resonators of lowest frequency, 
with individual voice differences resulting from 
the action of the other resonators; but a decision 
on this point need not be made. In fact, such a 
decision should await the accumulation of data 
on various vowels as sung by many different 
voices. 

As already stated, it was considered likely at 
the inception of the investigation that the experi- 
mental data would yield information about the 
nature of the cord-tone spectrum. This point of 
view was not without justification. It will be 
seen, in Fig. 5, that the fit of the high frequency 
resonance curves is quite good. For example, note 
the curves in the graph for “EH.” The fit of the 
3rd, 4th, and 5th curves is especially good. The 
fit of the 2nd curve is fair. On the other hand, the 
fit of the 1st curve is bad. To explain the badness 
of fit of the 1st curve, four different viewpoints 
could be taken: (a) that the cavity with the 
resonant frequency did not act as a 
simple resonator; (b) that another resonator, of 


lowest 


still lower resonant frequency and with a very 
large damping constant, was operative; (c) that 
the experimental data do not give a correct pic- 
ture because the damping constant of the 1st 
resonator was too low to permit approximately 
maximum resonance in periods shorter than the 
fundamental period of the cord-tone; and (d) that 
the amounts of energy in the low frequency com- 
ponents of the cord-tone were strikingly different. 
Although the third viewpoint has something to 
be said in its favor, the last of the four seems the 
logical one to take. Fletcher” has suggested that 
the distribution of energy among the partials of 
the cord-tone varies inversely as the cube of the 
harmonic number. If the raw data presented in 
the five graphs in Fig. 5 were corrected in keeping 
with this theory, the fit of the 1st curves would 


"J. C. Steinberg, ‘“‘Application of Sound Measuring 
Instruments to the Study of Phonetic Problems,” J. Acous. 
Soc. Am. 6, 16 (1934). 

Bis Harvey Fletcher, Speech and Hearing (Van Nostrand, 
New York), p. 50. 
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be practically as good as the fit of the others now 
is, and correction would not impair the fit of the 
others. It may be said, therefore, that Fletcher’s 
hypothesis on the nature of the cord-tone 
spectrum is probably fundamentally correct. His 
specific theoretical spectrum may be in error, but 
it is probably not far from correct. 

The graphs in Fig. 5 are provocative of interest 
in the problem of fixed resonance cavities. In 
each of the five graphs, there is a curve with a 
resonant frequency either at or very close to 3200 
cycles and with a frequency band width of 110 
cycles. This curve is the only relatively consistent 
one from vowel to vowel." The question arose 
as to whether this singer had a fixed cavity with 
a resonant frequency of about 3200 cycles, regard- 
less of the vowel sung. The matter seemed 
worthy of further investigation. It happened 
that there were available oscillograms of the 
vowel “AH” as produced at three different 
pitches, in succession, by this same singer. 
Analyses were made, the results of which are 
given in Fig. 6. In none of the three graphs is 
there a contour which peaks nearer than about 
50 cycles to 3200. The center of the contour in 
this general region shifts downward in frequency 
as the pitch goes from B, to D #2. In the graph for 
D#2, the contour peaks at about 3000 cycles. 
Whether this shift is more or less typical or only 
fortuitous is problematical. The evidence as a 
whole indicates, contrary to the contention of 
Bartholomew,'* that there are no fixed vocal 
resonators of any appreciable importance. There 
may be cavities (the larynx, for example) which 
tend to become more or less fixed when a singer 
produces the same or different sustained vowels 
at a given pitch. However, additional data must 
be secured before a definite conclusion on this 
point may be drawn. 

This paper is only a preliminary report of 
measurements now being made in the Iowa 
Psychological Laboratory. Other vowels and 


13 The height of the curve above the base line is not 
constant, but this variation (which, incidentally, is a 
progressive one from ‘‘OO” to ‘‘EE’’) may be explained in 
terms of differing amounts of resistance in the low fre- 
quency resonators. 

4 \W. T. Bartholomew, ‘‘Physical Definition of ‘Good 
Voice-Quality’ in the Male Voice,” J. Acous. Soc. Am. 6, 25 
(1934). 
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other voices are being studied. Sufficient data 
have been presented here, however, to validate 
the general experimental procedure and to justify 
the conclusion that the assumptions made for 


purposes of the investigation are warranted.” In 


Appt 


In a singly-resonant acoustical system, the relationship 
between a steady-state sinusoidal force F applied to the 
system and the resulting sinusoidal velocity V 
by! 17 


is given 


F 


V= - : 
[R?+ (wm — S/w)? }} 


(1) 


where R is the resistance, m is the mass, S is the elastic 
constant, and w=2rf, f being the frequency of the applied 
force. V is a maximum when the value of w is such that 
wm—S/w=0. Under these circumstances, f(=w/27) is 
approximately the resonant frequency f, of the system. 
Therefore 


f-=(1/27)(S/m)}, nearly. (2) 


15 [t should be borne in mind that if these assumptions 
are accepted as valid, then it may be said that, ordinarily, 
the pitch vibrato is the only physiological vibrato and 
that cyclic variations in intensity and harmonic structure 
(variations which are usually called, respectively, the 
intensity vibrato and the timber vibrato) are acoustical in 
origin—that is, they are due to the action of resonators on 
partials in the cord-tone which vary in frequency synchro- 
nously with the pitch vibrato. 

16 Harvey Fletcher, Speech and Hearing, Appendix F. 


fact, the consistency of the data could scarcely 
be explained on any other grounds. Additional 
data should confirm this point of view and should 
form the basis for a comprehensive statement on 
vocal resonance and other aspects of voice. 


=INDIX A 


The damping constant W of the system is” 
W=R/2m. (3) 


V falls to 0.707 Vinax. (and energy is 3 db below maximum 
energy) at two frequencies, f.>f, and fi</f,, which may 
be determined quite accurately by" 

W+(W2+S/m)}, (4) 
wo = —-W+(W2+S/m)}. (5) 


We. 


From (4) and (5) it follows that 
fo—fi= W/a=R/2xm. (6) 


The quantity fz—f; may be called the frequency band 
width Af. A very convenient means of computing JV, if 
the response curve of the resonant system is given, is to 
determine first the value of Af for the curve. From Eqs. 
(3) and (6) it is seen that 


W = rf. (7) 


The damping constant, expressed in db per second, maj 
be determined by!*: 7 


Wab/sec. =4.34R/m = 8.68 W = 27.34. (8) 


7A, H. Davis, Modern Acoustics (Macmillan, New 
York), Chapter II. 
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APPENDIX B 


The response curve of a singly-resonant system may be 
quite accurately plotted (say, Telative intensity in db 
against frequency, as in Fig. 5) if values for f, and Af are 
known. The frequency band spread By of the curve N db 
below its peak at f, may be computed by the relation 


By=Ky Af, (9) 
where Ky is given by 


Ky =(104/—1)!, (10) 


As is known, a simple resonance curve is not always 
symmetrical with respect to f,. In other words, the arith- 
metic midpoint of By does not always coincide with f,. 
However, the frequency fy at which falls the midpoint of 
By may be found to a first approximation by the equation 


fy=ftKy2Af2/8f,—K ytAft/128f,4, (11) 


Attention should be called to the fact that Eqs. (9), 
(10), and (11), as well as Eqs. (4) to (8) inclusive, were 
developed on the assumption that the value of R in Eq. 
(1) remains essentially fixed regardless of variation in the 
frequency of the driving force. The value of R in an 


analogous simple series electrical system does remain 
essentially fixed, but in an acoustical system R varies. 
In the acoustical system R=pwk/2, where p is the density 
of the medium and k=2z/k, \ being wave-length.'* The 
equation may be written R=p2zf?/c, where c is the 
propagation velocity. It is seen that R varies directly with 


f?. But to assume that R remains fixed does not introduce 


a significant error because as the value of R becomes, 
with changes in f, increasingly different from its value at 


f,, R also becomes increasingly less important in the 


determination of the total impedance of the system. In 
other words, the more f deviates in either direction from 


f,, the larger becomes the value of (wm — S/w)? as compared 


with the value of R?, and the former value, as compared 
with the latter, soon becomes very large indeed. Conse- 
quently, simple resonance curves plotted from specified 
values of f, and Af by means of Eqs. (9), (10), and (11) 
are only slightly in error. For example, none of the ordinate 
values of the curves in Fig. 5 is in error by more than 
about 0.5 db as a result of the assumption of constancy 


of R. 


18(. W. Stewart and R. B. 


Lindsay, Acoustics (Van 
Nostrand, New York), p. 49. 
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Automotive Quieting* 


R. F. Norris, C. F. Burgess Laboratories, Madison, Wisconsin 
(Received May 14, 1936) 


Intake roar, exhaust noise and body resonance are discussed; methods by which these 
noises are attacked are explained and data showing their relative importance are given. 


INTRODUCTION 


HE automotive industry has probably had 
the most rapid growth of any industry, the 
radio industry alone approaching it. 

During the past twenty-five years automobiles 
have been improved to such an extent that it is 
hard to realize that they even belong to the same 
classification. The early automobiles were un- 
reliable, noisy and slow as compared with the 
present automobiles. The automotive engineers 
have done a remarkable work in reducing the 
noise made by these mechanisms and have done 
it without any great amount of advice or co- 
operation from acoustical engineers. This reduc- 
tion in noise has been accomplished by improving 
the mechanical excellence of the machine to re- 
duce clatter and by eliminating lost motion and 
making their mechanical fits extremely close. 
Present day automobile engines generate an 
enormous amount of power, a very minute part 
of which is evidenced as sound energy. It is 
obvious, however, that no degree of mechanical 
perfection can ever quiet the intake roar and the 
exhaust noise of the engine. 

With the quieting of the engines and the pres- 
ent predominance of closed bodies, particularly 
of the new all-steel construction, a new noise has 
cropped up, termed “body rumble.”’ This of 
course was undoubtedly present in earlier cars 
but was so masked by the mechanical noises and 
minimized by the preponderance of open bodies 
that it has not been recognized until recently. 
The new all-steel tops have aggravated it to a 
certain extent but particularly the extremely 
quiet running motors now used bring it out in 
such prominence that it has become a major 
concern of the automotive manufacturers. 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 


INTAKE ROAR 


When an automobile engine is running it draws 
air and gasoline mixture in through the carbure- 
tor and in doing so acts as an air pump. The mix- 
ture is drawn through the carburetor at different 
speeds depending upon engine speeds but varies 
from low values in the neighborhood of 30 cu. ft. 
per minute to values as high as 250 to 260 cu. ft. 
per minute. The air being drawn through a 
carburetor entrance which is approximately 2 
inches in diameter must travel 11,250 feet per 
minute at an air flow of 250 cu. ft., which means 
an air speed of 120 miles per hour. This air is 
drawn into any individual cylinder intermittently 
but in a multicylinder engine the total flow is 
very nearly steady. 

The sudden closing of any individual valve 
momentarily stops the air flow and the inertia of 
the air causes a pressure to be built up against 
the valve which reflects back as a sound wave. 
The intake system of an automobile is very much 
like a cornet, or rather a French horn in its com- 
plexity, and responds very readily to definite fre- 
quencies. When the closing of the valves occurs 
at frequencies to which the system responds or at 
harmonics of these frequencies the system is 
driven strongly and the sound generated comes 
from the carburetor opening and may be very 
loud and quite disturbing; some cars, at certain 
speeds, making a noise which is loud enough to 
sound very much as if a horn were being blown. 

Besides this, the air being drawn into the car- 
buretor at velocities up to 11,000 feet per minute 
makes eddy currents which produce loud hissing 
noises. These noises must be quieted if the engine 
is to operate quietly. To quiet the lower frequen- 
cies which are due to the resonance of the system 
it has been found advantageous to use Helmholtz 
resonators as side branches on the system, these 
resonators being so tuned that they will absorb 
the fundamental and harmonic frequencies to 
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which the system is particularly responsive. 
These side branches may be computed by the 
usual resonator formulae, the only problem being 
to get them as small as possible while still 
handling the job adequately and to get each 
resonator properly loaded and so placed on the 
system that it will not interact with other 
resonators. They should also be properly loaded 
by carefully computed terminal impedances. This 
is extremely important since if the terminal im- 
pedance is not properly worked out a resonator 
may become a series resonator instead of a 
parallel resonator in which case it will actually 
produce sound when air is drawn across its 
opening. 

The high frequencies caused by eddy currents 
may be partially removed by high frequency 
resonators but are more easily and completely 
removed by a combination of such resonators and 
sound absorbing material properly placed in the 
system. By these means noises which are ex- 
tremely annoying to the driver and passengers in 
the car may be so reduced that they are abso- 
lutely inaudible even under the most careful test 
conditions. 


ExHAUsST NOISE 


When the exhaust valves of an automobile 
engine open, gas is let into the exhaust system 
under considerable pressure. These gas impulses 
vary in the frequency of their occurrence depend- 
ing on the speed of the engine, the number of 
cylinders in the engine and the operating cycle of 
the engine. 

A four-cycle, eight-cylinder engine will exhaust 
240 times per second at 3600 r.p.m. and from 
this rate down to 16 times per second at 240 
r.p.m. This means a speed range in the car from 
approximately 90 miles per hour down to six 
miles per hour. The length of an average exhaust 
system is approximately 10 feet. If this system is 
figured as a closed pipe the fundamental period 
of the system would be approximately 28 cycles 
at room temperatures or about 60 cycles at ex- 
haust gas temperatures. This means that the 
system will respond to frequencies which are 
multiples of 60 cycles, and as the car speeds up 
from a low speed to its maximum speed the fre- 
quency of exhaust impulses will go through many 
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of the harmonic frequencies to which the exhaust 
system will respond. When the exhaust impulse 
frequency crosses some harmonic frequency of 
the system, the system will be driven strongly. 
The gas escaping from the exhaust valves at high 
velocities generates a hiss which is transmitted as 
sound through the exhaust pipe and into the air. 
Also the pulsating flow of the exhaust gas bursting 
out of the exhaust pipe causes loud noises to be 
generated at this point. The exhaust noise is a 
combination of the hiss generated at the valves 
and transmitted through the pipe, the response 
of the pipe as an organ pipe to the exhaust fre- 
quencies and the actual explosions of the pulsat- 
ing gas flow from the end of the pipe. 

The two most important elements are the high 
frequency hiss and the rapidly expanding pulsat- 
ing gas flow at the end of the exhaust pipe. The 
harmonic response of the exhaust pipe is im- 
portant but will not be heard at the rear of the 
car since it is masked by the louder noises, al- 
though it may be heard distinctly in the car 
when its frequencies cross with some mode of 
vibration of the air in the closed body or of the 
panels which comprise its sides. 

Automotive mufflers which are designed from 
acoustic filter formulae work very well in 
laboratory tests on pure sound but are not 
usually found very effective on actual engine ex- 
hausts. An exhaust muffler, to act efficiently, 
must combine resonators to eliminate the true 
acoustic waves, expansion chambers to take out 
the high pressure gas pulses and smooth out the 
flow and sound absorbing material to remove the 
high frequency hisses caused by turbulence. A 
great deal of care must be taken in the design of 
an exhaust muffler to prevent the gases from 
impinging directly on the inside of the muffler 
shell since if they do, the muffler shell will be set 
into vibration and will give off a characteristic 
ringing noise which the automotive engineer 
recognizes as shell noise. 

The scientific problem of silencing exhausts has 
been fairly well solved, the most severe limitation 
at present being that the muffler must be very 
small in size so that it can be easily placed under 
the modern car with its low slung frame. It must 
be light so that it will not add weight to the car 
and will not interfere with the rubber suspension 
of the engine. It also must be extremely inexpen- 
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sive and above all, it must cause only the mini- 
mum of back pressure against which the engine 
must work. 


Bopy RUMBLE 


It is obvious to any acoustical engineer that 
when a box having six sides is pounded the sides 
will vibrate and noise will be generated. Auto- 
mobile bodies today are little more than sheet 
metal boxes and when they are pounded through 
the tires by road roughness or by torque reaction 
from the engine they respond as one would expect 
and generate noise. 

Automotive manufacturers, in trying to keep 
torque reactions from being transmitted to the 
frames and thence to the bodies of the cars, have 
mounted their motors in rubber. Unfortunately 
a motor cannot be mounted flexibly enough to 
stop the transmission of low frequency vibration, 
that is, if the engine is to be kept in the car at all. 
Many of the mountings that are used commer- 
cially in automobiles at present transmit low 
frequencies much more effectively than if there 
were no mountings used and the engine was 
bolted directly to the frame. Some automotive 
manufacturers have tried to reduce the type of 
rumble which is produced by the pounding of the 
tires against inequalities in the road bed by 
mounting the body on the frame through very 
flexible rubber cushions. When these are made 
soft enough effectively to eliminate such noise 
the body has the feeling of not being attached to 
the frame but of floating and a disconcerting ride 
is produced. As a consequence body mountings 
must be kept stiff enough so that this effect will 
not be noticeable and unfortunately the low fre- 
quency vibrations are transmitted to the body. 
Unless these vibrations are transmitted to the air 
they are not troublesome to the passengers. The 
body, however, is comprised of a number of 
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surfaces, all of which can and do transmit these 
low frequency sounds to the air. The biggest 
offender is the steel floor of the modern car. The 
new all-steel domed roofs are next in importance, 
The curved side panels and door panels are in 
most cases too stiff to respond well in these low 
frequencies and since the high frequencies are 
effectively stopped by the engine mountings and 
the spring mountings they cause very little noise. 

This problem is a new one and has been recog. 
nized only recently. However, much has been 
accomplished in developing damping materials 
which, when properly applied to the offending 
surfaces, will reduce their vibrations to a marked 
degree. 

It is customary to line portions of the body 
with sound absorbing material. While these 
materials have very little value in reducing the 
low frequencies which can be so low as to be sub- 
audible, they do have a material effect in reduc- 
ing annoyances caused by wind rustle at the 
windows, which are particularly bad when any 
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of the different forms of anti-draft windows are 
employed. 

Intensive work has been done at the Burgess 
Laboratories studying the damping of vibrating 
panels. This work has been done on a test panel, 
two feet by three feet in size, clamped into an 
opening in a concrete wall. The panel is energized 
at the center by an electromagnet fed by a vary- 
ing source of alternating current, whose frequen- 
cies can be changed continuously from 20 cycles 
to 1000 cycles. Measurements of the responses of 
the panel were made both by condenser micro- 
phone pick-up and vibration pick-ups placed at 
various parts of the panel. A system of damping 
was worked out which was extremely effective. 
This system was then applied to vibrating floors 
of automobiles, the sound levels being taken both 
before and after the application at various posi- 
tions in the car. By this means it has been found 
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possible to reduce the over-all noises in the car 
five decibels at 60 miles an hour, and six to seven 
decibels at 40 miles an hour. This reduction is 
particularly noticeable in the low frequency 
ranges and practically eliminates the rumbling 
which is so universally heard in modern cars when 
driving over rough macadam or brick roads. See 
Figs. 1-3. 

It may be inferred from this paper that this 
problem of automotive silencing has been fairly 
well covered from an acoustic standpoint. This, 
however, is far from the truth. All that has been 
done is that a fairly good start has been made 
toward the solution of some of the more aggra- 
vating phases of the problem. It is hoped, how- 
ever, that within the next few years further de- 
velopments will be made so that automobiles 
will be really restful and comfortable means of 
transportation. 
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A Method of Eliminating Cavity Resonance, Extending Low Frequency Response 
and Increasing Acoustic Damping in Cabinet Type Loudspeakers* 


BENJAMIN OLNEY, Stromberg-Carlson Telephone Mfg. Co., Rochester, N. Y. 
(Received May 20, 1936) 


When a direct-radiator loudspeaker is mounted in a 
cabinet, as in the conventional radio receiver, response 
irregularities are introduced because of resonances in the 
space behind the loudspeaker. With a cabinet and a 
speaker diaphragm of ordinary size, the acoustic load at 
low frequencies is highly reactive, the radiation efficiency 
is very low and diaphragm amplitudes become excessive. 
In the method described, the rear of the loudspeaker 
diaphragm is tightly coupled to one end of a folded conduit 
lined with sound-absorbing material and terminating in 
an opening in the bottom of the cabinet. This arrangement 
is called an acoustical labyrinth. By suitably proportioning 


the conduit, an extension downward of the reproduced 
frequency range is secured. The acoustic impedance of the 
conduit is shown by measurement to offer a diaphragm 
load having desirable characteristics, it being predomi- 
nantly resistive over nearly the entire measured low 
frequency range (40-350 cycles). Measurements of the 
important acoustic and electrical impedances of a con- 
ventional and a labyrinth loudspeaker system also are 
reported. The improvement in the frequency characteristic 
of a cabinet type loudspeaker afforded by the use of the 
acoustical labyrinth is shown by response curves. 





INTRODUCTION 


HIS paper deals with the type of loud- 

speaker in most general use today namely, 
the direct-radiating coil-driven cone mounted in 
a cabinet and associated, usually, with a radio 
receiver. The phenomena to be discussed pertain 
only to the lower portion of the frequency range 
where faithful reproduction has seldom been 
achieved in apparatus suitable for use in the 
home. 

The principal difficulties in low frequency re- 
production with loudspeakers of the above type 
will first be dealt with, followed by a description 
of the corrective method employed. Then, after 
a reference to measuring methods, the pertinent 
measured characteristics of both the conven- 
tional and the improved loudspeaker systems 
will be shown and discussed. 


PRINCIPAL DEFECTS OF CONVENTIONAL 
CABINET LOUDSPEAKERS 


1. Cavity resonance 


At the lowest resonant frequency, at least, the usual 
open-backed cabinet behaves as a Helmholtz resonator, 
the elastic element being the air confined in the cabinet 
and the mass element the air in and adjacent to the back 
opening. When the cabinet is placed in its usual and 
convenient position with its back close to a wall, the 
sharpness and height of the resonance peaks are increased 
because of the smaller dissipation at the restricted opening. 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 
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The principal resonances occur in the range between 100 
and 200 cycles and are largely responsible for the booming 
and thumping effects which commonly characterize radio 
reproduction. 


2. Poor response at low frequencies 


In cabinet loudspeakers of common size (about 2 feet 
wide and 3 feet high) the response falls off rapidly below 
about 125-cycles because of the small size of the baffle 
and the cone. The minimum acoustic path length in 
cabinets of even fair size is frequently as little as 18 inches 
due to the location of the loudspeaker. Attempts at 
equalization in the amplifier circuits are only partially 
successful because the resulting low frequency rise overlaps 
the region of cavity resonance and accentuates the latter 
defect. 


3. Inadequate damping 


The acoustic load on cones of the sizes commonly used 
in radio receivers is small at low frequencies, even when 
the loudspeaker is mounted in an infinite baffle. The load 
impedance consists principally of mass reactance, the 
resistance component being very small. Mechanical reso- 
nance of the moving system consequently is quite sharp 
and results in response irregularities, transient distortion 
and excessive displacement amplitudes. The latter may 
become so great that the moving system strikes its limiting 
stops. Coil and diaphragm supports are often made 
excessively stiff in an attempt to overcome this condition. 


4. Variation in electrical impedance 


The increase in impedance due to the motion of the coil 
at the primary mechanical resonance frequency is of the 
order of 8 times. When the loudspeaker is driven by 
certain types of amplifier tubes such as pentodes, which 
require a somewhat critical value of load impedance for 
best operation, these extreme variations produce severe 
nonlinear distortion in the tube output. 
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Sponse CORRECTIVE METHOD EMPLOYED 


A simple method has been devised which 
eliminates entirely the cavity resonance phenom- 
enon and greatly ameliorates the other defects 
mentioned. Instead of being permitted to radiate 


lager freely into the interior cavity of the cabinet, the 
1ce Of the : . . 

iaphragn back of the loudspeaker cone is coupled tightly to 
' agm ° ° . . ° 

predomi. the end of a conduit which is lined with sound 
ured low absorbing material and which is open at the 
ee distant end. The conduit is folded within the 
of a con- 


interior of the cabinet and discharges through an 


also are 3 fi one ‘ 
opening in the bottom. This construction has 


acteristic < é F 
se of the been called an acoustical labyrinth.' A rear view 


of one type in which the back has been cut away 
is shown in Fig. 1. In working models the back is 
closed by vertical panels of absorbing material 





supporting the edges of the horizontal sheets in 


veen 100 the same manner as shown for the front side, and 
booming the supporting rods are omitted. The lower one- 
a third of the diaphragm communicates directly Fic. 1. Acoustical labyrinth with back removed. 


with the upper compartment of the labyrinth, 
while the two felt-lined housings connect the 


Z, cos kl+jpe sin kl 


Zoo= pc-———_ ——, 
it 2 feet remaining portions of the diaphragm with the pc cos k1+jZ, sin kl 
ly below labyrinth through openings in the top. This type 
he baffle | of construction leaves the field magnet open to where Z, is the impedance of the open end, p the 
ngth in density and c the wave velocity in air, / is the 


provide free heat dissipation. The terminal open- 


a : ing of the conduit may faintly be seen at the a as of the tube and k=27/). ; | 
artially | lower left. Assuming the tube to have a circulat cross 
overlaps | In the consideration of the fundamental design, section of radius " and to be terminated in an 
1e latter the major problem was taken to be the elimina- infinite baffle, the impedance per unit area of the 
tion of cavity resonance, and the course pursued OP&" end is’ 
was the direct but drastic one of abolishing the Z = pc(k?r?/2+j8kr/3r) 
— troublesome cavity. This involved a change in Bee oe 
n when | the acoustic impedance on the rear of the loud- [°F the low frequency condition (kr small). 
‘he load speaker diaphragm and a substitute structure. For frequencies in the range under considera- 
ce, the | having desirable characteristics was sought. A tion and for tube areas comparable with usual 
v1 rin tube filled with absorbing material of gradually loudspeaker Come areas, Z, is found to be small 
neha increasing density was first considered but it soon compared with pc. Therefore, the driving point 
er may became evident that such a device of the re- !™pedance Zo becomes very high at frequencies 
limiting quired size and having stable constants under corresponding to tube lengths of nh/4, where 1 is 
|_made practical conditions of handling and shipment @"Y odd integer. Also, at frequencies correspond- 


ndition. ing to tube lengths of m\/2, where m is any 
integer, it can be shown‘ that Zoo = Z), that is, the 


impedance at the open end is transferred bodily 


would be difficult and expensive to construct. 
Preliminary to the discussion of the device 
finally used, let us consider the impedance 


the coil 6,8 : - P 
. . . e > 4 y > > + ye ~ r 
ie characteristics of a nonabsorbing tube driven by the driv ing point. Furthe raga 7 ee 6 
ven by a piston at one end and open at the other. Such a the — end is exactly ‘om Prase WIR THEE OE Tee 
, which J tube has a driving-point impedance per unit area? driving piston when aa eres and exactly oppo- 
nce for ———_ __ site in phase when m is odd. 
covers 1U.S. Pat. No. 2,031,500. ~ 


*Crandall, Theory of Vibrating Systems and Sound, p. 3 Rayleigh, Theory of Sound, Vol. II, p. 165. 
100, Eq. (288). 4 Reference 2, p. 101. 
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Fic. 2. Apparatus for the measurement of acoustic impedance. 


Now, approaching the practical application 
more closely, consider a tube lined with a ma- 
terial whose coefficient of sound absorption rises 
with frequency. Let one end of this tube be 
coupled closely to the back of a loudspeaker cone 
and the other end left open. Let the length 
/=/4 ata frequency f; in the neighborhood of an 
octave below f2, the lowest frequency to be re- 
produced. At f; the impedance on the back of the 
diaphragm will be high and may be predomi- 
nantly resistive if the tube lining is sufficiently 
absorptive. Diaphragm motion and sound radia- 
tion will be relatively small. 

At fe (corresponding to 4/2) the impedance 
will be that of the open end modified by the 
absorption in the tube and will be relatively low, 
and there will be, in the usual case, a rise in 
diaphragm velocity. On account of the 180-degree 
phase relation between the velocities at the front 
and the back of the diaphragm and the further 
180-degree shift through the tube, the velocity at 
the end of the tube will be in phase with that at 
the front of the diaphragm. The radiation from 
the two sources will be additive if they are located 
within, say, a quarter wave-length of each other, 
and it will be effective because of the mentioned 
velocity rise. 


If the absorbing material be properly chosen 
and a sufficient quantity employed, the higher 
order resonances and antiresonances of the tube 
will be suppressed and the driving point imped- 
ance at the higher frequencies will be determined 
largely by the absorption in the tube. In the 
labyrinth as finally produced, the constants are 
so adjusted that only the first antiresonance and 
the first resonance produce significant variations 
in the driving-point impedance, and the attenua- 
tion through the labyrinth becomes so great that 
for frequencies above about 150 cycles, the loud- 
speaker behaves essentially as a single sound 
source. In terms of acoustic path length between 
the front and rear of the speaker diaphragm, the 
minimum distance in a typical labyrinth system 
is about 7 feet compared with from 1} to 3 feet in 
conventional floor type cabinet speakers. Further 
comments on the characteristics of the described 
system will be made in connection with the 
results of measurements. 

Rough calculation served to determine the 
principal dimensions of preliminary models. The 
final dimensions were fixed after an extensive 
series of measurements and listening tests. This 
experimental procedure was adopted in_ the 
absence of any adequate quantitative theory of 
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sound transmission along an absorbent-walled 
tube. It would appear that, with sound progress- 
ing through the tube at grazing incidence upon 
the absorbent surfaces, there would be a greater. 
abstraction of energy at the boundary than at the 
center of the wave front and that the latter con- 
sequently would become progressively more con- 
vex as it traveled along the tube. The complete 
quantitative solution of this problem would ap- 
pear to be an involved and difficult matter: In 
any event, its application to practical design 
problems would require a knowledge of the ab- 
sorption coefficients of the damping materials 
contemplated under conditions of incidence and 
frequency for which no data exist at present, so 
far as the author is aware. 


METHODS OF MEASUREMENT 

Response 

The measurements of a cabinet speaker with 
and without labyrinth (Fig. 3) were made by the 
rotating microphone method® in a_ heavily 
damped room 15 X 22X11 feet in size.* Low-pass 
filters were used in the measuring circuit so that 
the fundamental response only was measured. 
For the lower frequencies, the measuring room 
was calibrated by comparison with free 
measurements.’ 

The comparison measurements of separate 
response from the front of the loudspeaker and 


space 











RESPONSE IN db 























FREQUENCY - CYCLES PER SECOND 


Fic. 3. Response of 8-in. cone loudspeaker in cabinet 
2 tt.X2 ft. X1 ft. inside dimensions. Back of cabinet 2 in. 
from wall. 


‘ Bostwic k, ‘‘Acoustic Considerations Involved in Steady 
State Loud Speaker Measurements,” Bell Sys. Tech. J. 
January, 1929. 

‘Graham and Olney, “Engineering Control of Radio 
Receiver Production,” Proc. Inst. Rad. Eng. August, 1361 
(1930). 

7 Olney, “Notes on Loud Speaker en Measure- 
ments and Some Typical Response Curves,”’ Proc. Inst. 
Rad. Eng. July, 1127 (1931). 
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from the terminal opening of the labyrinth (Fig. 
4) were made with a stationary microphone 
placed close to the source. The microphone was 
located inside the measuring room and the loud- 
speaker system was placed outside with the 
radiator to be measured sealed to an opening in 
the door of the room. 


Acoustic impedance 


These measurements were made by a method 
due to Flanders* which is fully described in the 
reference cited. However, Flanders’ apparatus 
was on a scale suitable for measuring impedance 
over surfaces 0.7 inch in diameter, while the 
diameters involved in the present investigation 
were of the order of 8 inches. This involved 
changes in the form of the apparatus which may 
be of interest. 

The sound source was a loudspeaker of the 
8-inch cone type with its back tightly enclosed in 
a box filled with rock-wool. The speaker, the 
connecting tube and the microphone with its 
preamplifier were mounted on a carriage that 
could be swung into any one of the three positions 
necessary. In the illustration (Fig. 2) the tube is 
shown in the position connecting it to the laby- 
rinth under measurement mounted on the baffle 
in the center. In the midposition the end of the 
tube was tightly closed against the baffle and in 
the remaining position it joined the comparison 
impedance. The latter was a 43-foot length of 
seamless steel tubing of 73 inches inside diameter 
and having ;,-inch walls. It was closed by 
movable plunger, the active length being indi- 
cated by the scale on top. The pressure at the 
center of the end cross section of the movable 
tube was applied to the microphone diaphragm 
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FREQUENCY - CYCLES PER SECOND 


Fic. 4. Close-up response from front of speaker and from 
terminal opening of labyrinth. 








‘““\ Method of Measuring Acoustic Im- 
Am. 4, 402 (1932). 


8 Flanders, 
pedance,”’ J. Acous. Soc. 
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through a tube of small bore. The loudspeaker 
and the microphone were mounted on flexible 
suspensions and the connecting tube (which was 
of sheet metal) was covered with 1-inch felt as 
precautions against the creation of spurious 
pressures at the microphone due to other than 
air-borne sound in the tube. On account of the 
low frequencies employed and a certain amount 
of interfering noise, the alternating current po- 
tentiometer in the measuring circuit was balanced 
with the aid of a heterodyne wave analyzer as a 
detector. All measurements were made in the 
damped room. 


RESULTS OF MEASUREMENTS 


Fig. 3 shows the response of an 8-inch cone 
aie names in a cabinet with and without a 
labyrinth of the type shown in Fig. 1. The effect 
of the labyrinth in the elimination of the cavity- 
resonance peaks and in the extension downward 
of the low frequency response is shown to be 
marked. The gradual slope downward from 500 
cycles of the average response of the labyrinth 
speaker is readily and simply equalized in the 
electrical circuits of the associated amplifier. 

Fig. 4 gives a comparison of the response from 
the front of the loudspeaker with that from the 
terminal opening of the labyrinth, under the con- 
ditions described previously. This shows the re- 
sponse maximum at 75 cycles from the open end 
of the labyrinth first 
impedance minimum and is followed by rapidly 
increasing attenuation. 


which occurs near its 


In Fig. 5 is shown the radiation impedance of a 
73-inch diameter hole in a plane baffle of the 
dimensions shown. (The shape of the baffle and 
location of the hole were a consequence of the 
arrangement of the measuring apparatus.) The 
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Acoustic radiation impedance of 73-in. diam. hole in plane baffle. 
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values may be considered as typical of the jm. 
pedance on the front of the diaphragm of ap 
average radio loudspeaker. The 
calculated from Rayleigh’s equa. 
tions’ which assume an infinite baffle and radia. 
tion into free space, while the plotted points are 
the results of the present measurements. It js 


console type 


curves were 


probable that the deviations are due principally 
to reflection from the walls of the measuring 
room. 

Fig. 6 shows the impedance on the back of the 
diaphragm of a loudspeaker mounted in a typical 
cabinet with its back at the usual distance froma 
wall. The impedance minimum at 140 cycles 
appears to correspond with the response max- 
imum at the same frequency in Fig. 3. The large 
impedance irregularities around 350 cycles do 
not appear to influence the measured response of 
the speaker. 

The total acoustic impedance on the diaphragm 
of a conventional cabinet speaker would be the 
sum of those shown in Figs. 


5 and 6, neglecting 
interaction of the waves 


from both sides. It will 
be noted that at low frequencies the total re- 
sistance is small, making the radiation of sound 
difficult and providing little damping. The effect 
of the interaction just mentioned would, 
general, be further to decrease the resistance and 
increase the reactance components at low fre- 
quencies. 

The impedance on the back of the diaphragm 
of a loudspeaker mounted in a labyrinth of the 
type illustrated in Fig. 1 is shown in Fig. 7. It will 
be observed that the resistance ian ct pre- 
dominates over the greater portion of the fre- 
It becomes, in fact, at very low 
frequencies, as much as 200 times as great as 
would be obtainable in an infinite baffle. The 
fundamental mechanical 


quency range. 
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Fic. 6. Acoustic impedance of loudspeaker cabinet through 73-in. opening in front. 


speaker moving system is made to occur in this 
region of maximum damping. 

An interesting comparison is shown in Fig. 8 
between the impedance of a labyrinth of the type 
shown in Fig. 1 and one having the same interior 
dimensions but constructed of solid wood. It will 
be noted that the absorbent material is effective 
enough at frequencies as low as 50 cycles to pro- 
duce strong damping of the first antiresonance, 
the height of the resistance peak being greatly 
reduced and the reactance prevented from attain- 
ing negative values. The rise of absorption with 
frequency is shown to swamp effectively the 
higher resonances of the tube. 

The pronounced decrease with frequency in the 
amplitude of the impedance variations of the 
wooden labyrinth proved to be greater than 
could be accounted for by radiation from the 
open end of the tube. It was found upon investi- 
gation that standard felt-lined housings had been 
used to connect the loudspeaker with the laby- 
rinth instead of unlined ones as had been in- 
tended, and the absorption afforded by the felt 
was obviously the reason for the unexpected 
damping. It was thought unnecessary to repeat 
the measurements, which were intended merely 
to be illustrative. 

A further indication of the damping action of 
the labyrinth is afforded by the measurements of 
electrical impedance of the driving coil shown in 
Fig. 9. The nominal impedance of this loud- 
speaker is taken for matching purposes at 24 
ohms, and the velocity rise reflected into the 
electrical circuit at mechanical resonance causes 


it to increase to over 200 ohms at 50 cycles when 
mounted in a conventional cabinet. The applica- 
tion of the labyrinth reduces the resonance rise 
by about two-thirds and, because of the added 
acoustic mass reactance, shifts the natural fre- 
quency down to 40 cycles. The minor peak near 
70 cycles in the solid curve corresponds approxi- 
mately in frequency with the first minimum in 
the driving-point impedance of the labyrinth, 
while the peak at 140 cycles in the dashed curve 
occurs at the frequency of cavity resonance in 
which case also the acoustic impedance is at a 
minimum. 

The added acoustic mass reactance at low 
frequencies afforded by the labyrinth permits the 
attainment of a low natural frequency (40 cycles 
or under) without the use of fragile center suspen- 
sions. This, combined with the strong acoustic 
damping in the labyrinth, prevents the develop- 
ment of the usual large resonant amplitudes and 
avoids damage to the suspensions and loss of 
centering. 

The quality of reproduction afforded by a 
suitable loudspeaker equipped with a labyrinth 
as described is decidedly more natural than that 
of the conventional cabinet type speaker. Satis- 
factory bass reproduction in music may be had 
without sacrificing naturalness on speech, and the 
rendition of low pitched impulsive sounds is 
greatly improved. The outfit may be housed in a 
cabinet of comparatively small size and never- 
theless be superior in general characteristics to 
an infinite baffle loudspeaker. Placing the cabinet 
with its back against a wall is an advantage 
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Fic. 9. Electrical impedance of loudspeaker in cabinet showing damping action of labyrinth. 
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rather than the contrary because the loudspeaker 
then radiates into a smaller solid angle. The 
power-handling capacity at low frequencies is not 
limited as is usually the case by striking of the 
moving parts at resonance but rather by heating 
of the driving coil. 

There is, of course, some reduction in apparent 
efficiency due to the use of the labyrinth. This isa 
logical consequence of the leveling off of reso- 
nance peaks which contribute more to loudness 
than does the extension downward of the fre- 
quency range afforded by the labyrinth. It is 
dificult to set a value for 


this reduction in 
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efficiency because it varies with the type of ma- 
terial being reproduced. If the program has fre- 
quently recurring components which fall in the 
resonant ranges of the conventional system, the 
efficiency will appear by comparison to be higher 
than that of the labyrinth system, although the 
quality of reproduction of the latter will appear 
much superior. In general, the difference is of the 
order of 3 db. With the advent of new vacuum 
tubes of high power sensitivity and output ca- 
pacity, it has proven to be of minor consequence 
when compared with 
obtained. 


the other advantages 
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The Present Status of the Mechanics of Sound Conduction in Its Relation to the 
Possible Correction of Conduction Deafness* 


A. G. PoHLMAN, Department of Anatomy, Creighton University, Omaha, Nebraska 
(Received June 1, 1936) 


HEN Nature evolved the terrestrial animal 

out of the aquatic type, she maintained the 
special sense organs in the original form of im- 
mersion receptors. Witness the wet eye; the wet 
nose; the wet mouth; and in particular, the wet 
ear. The explanation for an immersion receptor 
for air vibrations accordingly rests on the basis 
of things-are-as-they-are, and not upon the as- 
sumption of an essential mechanical activation of 
the end organ for hearing through a mass dis- 
placement in the columns of liquid applied to it. 
It was known before the time of Cotugna (1774) 
that the internal ear must be filled with air be- 
cause otherwise the end organ could not exhibit 
such exquisite sensitivity to air vibrations. Just 
so it is known today that the underlying func- 
tional requirement in audition must be expressed 
in terms of a longitudinal displacement in the 
liquid of the scalae which in turn produces the 
transverse vibrations in the intervening cochlear 
duct. 

E. H. Weber in 1851 was the first to propose 
an explanation which could account for the sensi- 
tivity of the immersion receptor in the internal 
ear to vibrations in the air. He argued that the 
middle ear apparatus could be regarded as a 
mechanical transformer which balanced the re- 
sistance differences between the medium of con- 
duction (air) and the medium of reception 
(liquid). The transformer effect, he held, was 
dependent on two factors. The first factor was the 
disproportion in the area of the drum membrane 
at the air-end of the system to that of the stapes 
at the liquid-end. Inasmuch as the ratio of areas 
was insufficient to accomplish the desired result, 
he included a suggestion first made by Valsalva 
in 1704, that the ossicular chain acted as lever 
which decreased the motion at the stapes and 
proportionately increased the force. The differ- 
ences are about as 20 to 1, and the leverage action 
in the ossicles was held at 3 : 2. Accordingly the 


squares of the areas times the product of the in- 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 
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verse squares in the leverage action gaye 
400 : 1X2,5 or 1000 which is about the value of 
the resistance difference. This impedance match. 
ing transformer seemed to solve the problem even 
if Weber himself took liberties with the physics 
of the proposition when he postulated a mass 
movement in the labyrinth liquid. This state. 
ment of an impedance matching transformer js 
usually credited to Helmholtz, but Weber broke 
even at that because the lateralization effect on 
bone conducted sounds associated with his name 
was first described by the English physicist 
Wheatstone. It is obvious if the conception of an 
impedance matching transformer is to be applied 
to what is heard, then it also follows that this 
transformer must be efficient in the conduction of 
all audiofrequencies. This interpretation however 
was not acceptable to the otologists because it 
was well known that individuals, in whom the 
middle ear apparatus is crippled or wanting, 
show greater disabilities in the hearing of low 
frequencies than for high frequencies. The result 
was the adoption of a dual conduction idea where 
the low frequencies were effectively passed 
through the ossicular chain, while the high fre- 
quencies were conducted through the air of the 
middle ear into the cochlea at the round window. 
This explanation may be considered as pretty a 
piece of perversion of the physics involved as 
was the leverage action in the ossicles. 

When Wien published his quantitative study of 
the minimum sensitivity of the internal ear asa 
function of the frequency was raised particularly 
by O. Frank. Frank’s criticism was based on the 
fact that what the internal ear heard as air sounds 
was dependent on what was conducted to it 
through the middle ear, then two factors were 
involved in the Wien curve. The first factor was 
the absolute sensitivity of the internal ear as a 
function of the frequency, and the second was the 
frequency limitations in the efficiency of the air 
vibrations through the middle ear. Frank ac- 
cordingly introduced the factor of a ‘‘free period” 
in the ossicle chain which would limit the con- 
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CORRECTION OF CONDUCTION 


duction of the higher frequencies through the 
ossicles, and proposed that a “‘sound show effect”’ 
obtained on the round window area to produce 
the differential pressure at the two windows held 
as essential to the mechanical response in the 
internal ear itself. We cannot take up here the 
details of this part of the discussion except to 
rule out the Frank interpretation somewhat later 
on the basis of the experimental evidence. Simi- 
larly the interpretation that a dual conduction 
route must be present to account for the hearing 
disability in middle ear deafness may be elimin- 
ated from the picture. It has been shown else- 
where that this mistake came about through con- 
fusing the intensity range as a function of the 
frequency exhibited by a normal internal ear for 
an abnormal response in the middle ear itself. 
The typical conduction curve given by the West- 
ern Electric Company is found in the audiometer 
and not in the patient; while the typical conduc- 
tion curve of the Knudsen-Jones research, ac- 
cording to their own figures, is not in the audiom- 
eter but is a concession to make their apparatus 
conform with the accepted interpretations. The 
speaker believes that the leverage action in the 
ossicles, insofar as sound conduction is concerned; 
the “free period”’ effect; and the sound shadow 
phenomenon, like the accepted dual conduction 
explanation, may join the limbe of the Aer im- 
plantus. In a word then the situation at present 
may be summed up by saying that we know 
relatively little about the mechanics of audition, 
and much of the little we do know is not correct. 
In any event if the practical application of 
scientific advances may be regarded as a cri- 
terion, corresponding advances in the treatment 
of deafness are conspicuously wanting. Personally 
Iam more concerned with the proof of the pud- 
ding in the deafened person than in polishing up 
the halo of research because after all there is 
little use of invoking the spirits of the mighty 
deep unless we put at least a few ripples on the 
murky pool of our ignorance. 

Have there been any advances in the treatment 
of deafness during the past few years and in 
what way may such subjective improvement be 
interpreted from the standpoint of the physics in- 


volved? I am taking the liberty of presenting two 


types of cases in which the facts are established, 
and then following the time-honored precedents 
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in this work I shall do a little high-powered guess- 
ing myself. 

It is well known that in certain cases where 
the drum membrane and ossicle chain are struc- 
turally or functionally out of commission the 
individual is really deafer than he should be. 
The implication is, therefore, that if the drum 
membrane and ossicles are nonfunctional, they 
may even be detrimental to the acuity for hearing 
air sounds. Under these conditions patients some- 
times hear better if the drum membrane and 
outer ossicles have been removed because now 
the full impact of the sound pressure may be 
exerted against the medial wall of the middle ear. 
However, the history of such cases indicates that 
the conferred increased air acuity is lost in time 
because when the drum membrane is removed, 
the middle ear cavity is exposed to a false en- 
vironment. This altered environment results in a 
thickening of the membrane lining the middle ear 
which in turn decreases the direct effect of the air 
vibrations. The problem may therefore be stated 
in simple terms: “‘Is it possible to obtain this 
result without removing the drum membrane and 
without changing the environmental conditions 
of the middle ear cavity?” 

In 1927 Vincent Nesfield of London described 
a by-pass type of operation where the external 
auditory canal was connected around the drum 
membrane into the mastoid cells. I have with me 
a specimen which will show what this operation 
does. Nesfield found that in time the adventitious 
opening was bridged over by a membrane which 
is much like the drum membrane in texture. 
When the by-pass was occluded by this mem- 
brane, the hearing acuity was lessened; and 
when the diaphragm was incised, the patient 
immediately reported an enhanced air acuity. 
Fortunately the speaker had the opportunity of 
testing a case of this sort some years after the 
operation and in Fig. 1 we see the averaged re- 
sults of readings taken on four different days with 
by-pass open and with by-pass closed. It will be 
noted that a uniform enhancement to the air 
acuity of some 15 db took place except at 2048 
Hertz; the highest frequency heard on account 
of a perception deafness. The failure of response 
at this frequency may have been due to the actual 
tremble of the receiver at maximum output for 
the audiometer (bone-conducted sound) or it 
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may have been due to the small and tortuous 
canal with perhaps a tiny opening from the 
mastoid area into the middle ear cavity. In any 
event, the phenomenon is a real phenomenon, 
and the operation is well worth serious considera- 
tion on the part of otologists. Especially when 
single incision of the d.m. will demonstrate the 
amount of acuity which might be conferred. 
The fact that Nesfield’s finding was purely acci- 
dental and empirical may be construed as a 
challenge and not asa criticism. It is obvious that 
where the transformer, essential to overcoming 
what I choose to call an ‘‘acoustic insulation,”’ 
has been removed, there the patient is in a condi- 
tion of complete conduction deafness. This means 
he is Rinne negative and with normal internal 
ear has a loss in air acuity of some 40 db plus. 
Some fifteen years ago I proposed that this condi- 
tion of affairs implied the substitution of a trans- 
former functionally able to replace the middle ear 
apparatus which had been removed. I will spare 
you the details in the report of a case of this sort 
because they are overflowing with perspiration. 
The patient, Mr. Fitzsimmons, is in Chicago on 
his vacation and has kindly consented to submit 
himself to your inspection. He has lost drum 
membrane and outer ossicles on both sides and 
fortunately the surgeon in operating his right 
ear left the canal sufficiently wide to make a 
directed experiment of this sort possible. Fig. 2 
shows the air and bone acuity taken on the 


W.E. 2 audiometer. The slide indicates that the 
acuity curves are quite similar except at the low 
frequencies (64 and 128) where tactile sensations 
through the bone receiver may have been con- 
fused with actual hearing. In any event, the curve 
is practically a flat one and removal of his drum 
membrane and outer ossicles did not produce the 
low pitch deafness postulated in the dual con- 
duction explanation. Next the reactions to an 
acoustic probe were elicited. This probe was first 
described by Kranz and myself, and is merely a 
miniature bone conductor with a delicate stalk of 
bamboo tipped with dental impression compound 
affixed to the vibrating button. The patient him- 
self introduced this probe until it touched the 
area which was identified as that of the oval 
window region. Fig. 3 shows the results where the 
sensitivity through the probe imitated the con- 
duction through the ossicle chain and _ con- 
trasted with the bone sensitivity taken with the 
same probe applied to an incisor tooth. It will be 
noted that the curves are of practically identical 
form and that it took some 40 db more to shake 
the labyrinth liquid through the head than it did 
to vibrate it directly. This information led to a 
series of experiments which finally ended in 
adopting the mechanics of the bird’s middle ear. 
The bird has a straight rod (columella) connect- 
ing its drum membrane with the oval window. 
The drum membrane is ‘‘umboed”’ outward in- 
stead of inward as in the mammal. I am passing 
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around a specimen which those who are interested 
may inspect. The reasons for adopting this type 
of conduction mechanism were because the bird’s 
hearing is very acute and because it solved the 
problem of placing the diaphragm under slight 
tension. This type of prosthesis is now being 
worn by Mr. Fitzsimmons (see Fig. 4). The 
diaphragm is stretched between the two parts of 
aluminum capsule and the rod is a pig bristle 
tipped with dental impression compound. I had 
in mind casting a pearl before the swine by 
affixing a seed pearl to the end of the bristle, but 
the dental impression compound works equally 
well. This device is slipped into the external 
auditory canal until the tip of the bristle touches 
the stapes area. In Fig. 5 are shown the results. 
The lowest line is the hearing acuity without 
prosthesis; the next line shows the effect of a 
cotton pellet in place; and the highest line, the 
value of this transformer. In a general way the 
average increased air acuity through the speech 
range is by a factor of some 25 db. 

The “free period” of O. Frank is wanting and 
there is little if any directional effect. I have 
constructed devices which show greater gain, but 
here the diaphragm is located too close to the 
surface, the effect is more directional and there is 
distinct evidence of a peak at about 512. It will 
be noted that with the ossicular chain gone, the 
hearing curve is of relatively normal form and 
with the device in place a considerable enhance- 
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ment to air acuity from 256 to 8192 obtains with 
greater gain at the high end. Mr. Fitzsimmons 
reports that he finds the conferred acuity all he 
really needs and that he is not yet adjusted to 
the noises about him. So now if the noise in the 
office bothers him, he removes the device and 
goes back into his accustomed condition of quiet. 
With the noise level of his room, he hears prac- 
tically as well as does an individual with normal 
hearing. It is interesting to note that a case of 
conduction deafness shows greater handicap 
than a case of perception deafness with like de- 
ficiency in hearing acuity. 

The case proves that an individual in this 
condition may be quite completely lifted out of 
his economic handicap, provided, of course, the 
external auditory canal is left sufficiently wide at 
the time of the operation to make the application 
of a prosthesis of this type efficient and safe. The 
case also proves both positively and negatively 
that the normal drum membrane and ossicle 
chain is the one effective route for the conduction 
of all frequencies to the labyrinth liquid. Some 
fifteen years ago I asked the question ‘‘Is a moist 
or oiled cotton pellet the best that we can do in 
this age of acoustic advance?”’ I am gratified that 
I myself can answer this question with the 
bird’s ear prosthesis. 

So far we are dealing with facts and it would be 
a poor compliment to my admitted powers of 
imagination, which I shall presently demonstrate, 
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if twenty-five years at this work did not result 
in guessing at certain possibilities. 

There is an extremely common form of con- 
duction deafness in which the elastic ligament 
which holds the stapes footplate movably in the 
oval window is resorbed and where the stapes 
“freezes” to the head. Obviously this condition 
results in a complete conduction deafness. Three 
corrective possibilities may be suggested. The 
first possibility consists in using the other ‘‘soft 
spot” in the labyrinth capsule—the round win- 
dow. Unfortunately this opening is normally not 
accessible and further the delicate nature of the 
membrane over this opening would make the 
application of a transformer prosthesis inad- 
visable if not actually dangerous. However, 
Crowe and Hyghson of the Otological Research 
Laboratory at Johns Hopkins have suggested a 
technique for making the round window area 
accessible and thickening the membrane by 
means of a tissue implant. These investigators 
feel that stabilizing this window will produce an 
enhanced air acuity, a statement with which the 
speaker does not agree. However, if the area is 
made accessible and safe there is no reason why a 
mechanical prosthesis might not be successfully 
applied. The second possibility consists in taking 
advantage of the vascular supply to the stapes 
through the delicate crura which make up the 
sides of the stirrup. There is a chance if these 
crura were cut away before the ossicle had frozen 


RECORDER. 


to the head, that the footplate might be shed or 
resorbed, leaving a diaphragm of connective 
tissue. I have reason to believe Mr. Fitzsimmons’ 
stapes has either been resorbed or sloughed, be- 
cause a connective tissue diaphragm would ac- 
count for the failure to enhance air acuity by 
more than 25 db. The third possibility is in cases 
where the stapes has already been integrated 
with head. Jenkins Sourdille, Holmgren and 
others have suggested.a ventilation of the wall of 
the semicircular canal to obtain the necessary 
area of compensation for mass movements in the 
perilymph. These operations have not proved to 
be of any benefit. However if the essential “‘soft 
spot’’ were created, then there is no reason why a 
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proper transformer might not be applied to over- 
come in part the impedance differences between 
air and liquid. Experiments on animals in refer- 
ence to cutting out the blood supply to the stapes 
are already under way, and what the result may 
be remains to be seen. 

While Weber proposed a matching transformer 
to overcome the resistance differences between 
air and liquid, he seemingly abandoned this idea 
when he interpreted the mechanics of the in- 
ternal ear. So far as we know he reasoned back- 
wards from an assumed effect to a cause which 
might produce it. He argued that it was necessary 
to have transverse vibrations in the cochlear 
duct, specifically the basilar membrane, as a 
factor of mechanical activation. To produce this 
effect he believed that the labyrinth liquid could 
be considered as incompressible (which it is not) ; 
and that the otic capsule could be regarded as an 
inelastic container (which it is not); and that the 
round window area was a compensation opening 
which permitted mass shifting in the perilymph 
(where there is no direct evidence that this takes 
place in reference to sound). We are personally 
opposed to the Weber conception and hold that as 
a foundation for practically all theories on sound 
analysis, it has done more to obstruct advances 
in the problem of audition than any one other 
factor. We do not need the confirmatory evidence 
obtained through application of the Weber-Bray 
effect in animals. What we do need is properly 





applied physics to the problem of the deafened 
individual himself. The suggestion to remove the 
drum membrane to relieve deafness was made by 
Astley Cooper in 1801. Tubal inflation was found 
beneficial quite accidentally by a layman in 1724 
and the tubal catheterization in its present form 
was described by Archibald Cleland in 1741. The 
cotton pellet prosthesis has probably been re- 
peatedly rediscovered quite by accident, and 
this bird’s ear prosthesis is merely a refinement 
of what has been known probably for centuries. 
The differential diagnosis between a conduction 
and a perception deafness through comparison of 
acuity for air and bone-conducted sounds was 
established in the sixteenth century. Surely there 
is something more that can be done for deafened 
individuals than studying heredity; wringing 
the hands; making louder noises for the deafened 
people to listen to, and encouraging them to study 
lip reading. So far as I know the Russians are 
ahead of us, because they direct conduction 
deafened individuals into the noisy occupations 
because a conductive deafened case is not dam- 
aged by acoustic insult while we are probably 
proving our own efficiency through ruining the 
hearing of our subway guards. There is surely 
some place where an important problem such as 
this may be thoroughly aired and so far as my own 
opinion is concerned, acoustical research in the 
subject appears to be a “‘lot of noise and very little 
wool, as the Devil said when he sheared the sow.” 


OCTOBER, 1936 


VOLUME ¢ 


Some Data on a Room Designed for Free Field Measurements* 


E. H. BEDELL, Bell Telephone Laboratories, New York 
(Received May 13, 1936) 


This paper gives some data on the absorbing material used in a room recently completed 
and intended for acoustical measurements under essentially free field conditions. The absorbing 
material, which consists of a number of layers of cloth separated by air spaces, is shown to have 
an absorption coefficient of the order of 98 to 99 percent over a wide frequency range. Some 
data are also given showing the degree of departures of the sound field in the room from the 
field to be expected in free space. It is shown that it may not be possible to duplicate a free field 
in an enclosed room, regardless of the freedom from interference obtained, because of the fact 


that the pressure may decrease more rapidly than the inverse distance law applying to a 


free field. 


EASUREMENTS under essentially free 
field conditions are often required in order 
to determine the performance of various acous- 
tical apparatus or instruments. The most direct 
method of obtaining such data would seem to be 
to make the measurements out of doors, and this 
has often been done with satisfactory results. 
This method has some obvious limitations how- 
ever, depending as it does upon the uncertainties 
of the weather, and requiring some care in placing 
the apparatus so as to avoid sensible reflections 
from the ground and nearby buildings. In addi- 
tion the difficulty of obtaining a convenient loca- 
tion, sufficiently free from extraneous noise, may 
make this method of obtaining free-field data 
impractical. The possibility of obtaining essen- 
tially free-field conditions in the laboratory is of 
considerable interest, therefore, and several 
laboratory rooms have been built with this end 
in view.' However, very few quantitative data are 
available as to the results obtained in these 
rooms. This paper describes a room recently built 
at Bell Telephone Laboratories and gives some 
data on the results obtained in it. 

It would seem that the necessary and sufficient 
condition to be fulfilled in constructing a room 
satisfactory for free field measurements would be 
to reduce to a negligible amount all reflections 
from the interior surfaces of the room; or in 
other words to design the room so that the ratio 
of direct to reflected sound is large. This ratio of 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 

1Churcher, Engineering 135, 563 (1933); Kaye, J. 
Acous. Soc. Am. 7, 167 (1936); Alta frequenza. 4, 495 
(1935). 


direct to reflected sound energy may be shown to 
be? 
A =(S/162r’)(a/1—a), (1) 


where SS is the surface area of the room, r is the 
distance from a source which radiates uniformly 
in all directions, and a is the average absorption 
coefficient of the surfaces of the room. If the 
source does not radiate uniformly in all directions 
then (1) may be written 


A=(SC/16zr*)(a/1—a), (2 


where C is the directivity of the source. From (1) 
and (2) it is seen that in order to approximate free 
field conditions at a reasonable distance from the 
source either S should be large or a@ should be 
near unity, or both. The room which we desired 
to use for this purpose in our laboratory had di- 
mensions of approximately 24 feet X 18 feet X 12 
feet. It was necessary, therefore, to choose an 
absorbing material for which @ was near unity. 
The treatment used consists of a number of 
layers of cloth, separated by air spaces, applied 
over all the interior surfaces of the room. A 
removable iron grill is provided over the absorb- 
ing structure on the floor of the room. This grill 
is intended to provide a satisfactory mechanical 
surface without materially impairing the absorp- 
tion at the floor. A photograph of the interior of 
the room is given in Fig. 1. 

The cloth layer structure was chosen on the 
basis of absorption measurements made by the 
stationary wave, or tube method, which gave 
data for perpendicular incidence only, and for 
samples small in area and clamped at the edge. 


2 Olson and Massa, 1 pplied Acoustics, p. 340. 
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ROOM FOR 
The tube data could not, therefore, be used with 
certainty in predicting the performance of the 
material when applied on the walls of a room. 
The structure used was preferred to other ma-° 
terials simply because the tube data indicated 
greater absorption over a wider frequency range 
than for any other material we know of. In Fig. 2 
are shown the absorption coefficients obtained 
by both the tube measurements, and by measure- 
ments to be described, made in the completed 
room. A sectional view of the structure is also 
shown. It may be seen that the layers of cloth 
occupy a space of about nineteen inches, so that 
if applied in a small room the volume will be 
reduced considerably. The inside dimensions of 
the room in which this treatment was used are 
approximately 20 feet X 14 feet X8 feet. 

In a room intended for free field measurements 
the absorption coefficient at the wall surfaces is 
not, of itself, of primary interest; the important 
thing is the degree of departure from ideal open 
air conditions. It is necessary to know the ab- 
sorption, however, before it is possible to predict 
the results which would be obtained in any other 
room if the same absorbing material were used. 
The reverberation method could not be adapted 
to give reliable absorption data in a room as dead 
as this one where the rate of decay is of the order 
of 2000 db per sec., or the reverberation time 
of the order of 0.03 sec. Some other method to 
determine the absorption had to be devised 
therefore. The one used consists essentially in 
measuring the ratio of direct to reflected sound. 
For these measurements a velocity microphone, 


. Photograph of interior of room. 
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Fic. 2. Details of cloth structure and measured ab- 
sorption coefficients. Solid points, tube method, perpen- 
dicular incidence; circles, as measured in completed room. 


having a response proportional to the cosine of the 
angle between the velocity in the sound field and 
the axis of the diaphragm, was used. It is possible 
with this microphone to eliminate the effect of 
the direct sound by placing the microphone so 
that the source is in the plane of the diaphragm, 
in which case the microphone response may be 
taken as due to the reverberant or reflected 
sound, which in general has velocity components 
in all directions. It is thus possible to determine 
the ratio of direct to reflected sound and hence 
also the absorption coefficients of the interior 
surface of the room. 

The data with the velocity microphone were 
taken as follows. A sound source sufficiently 
small to be considered a point source was fixed at 
approximately the central point of one end of the 
room. The microphone was then hung by a thin 
cord from the ceiling, at about the same level as 
the source, and with the diaphragm in a vertical 
plane; the cord was given a preliminary twist of 
one or two turns; and the microphone was then 
allowed to rotate slowly about the vertical axis 
determined by the cord, while the source was 
sounding. The sketch, Fig. 3, illustrates the ar- 
rangement. 

This procedure was repeated with the micro- 
phone at various distances from the source, and 
for two positions of the source, for the frequencies 
given in Fig. 2. The response of the microphone 
during two or three complete rotations under the 
small restoring force of the twisted cord was re- 
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. aNanaeNt eS cameos 15 were taken at 250 cycles, and at similar dis. fc 

, I - IMAGE SOURCE tances from the source placed on the north side Ww 


of the room. The most straightforward method of 


calculating the absorption from these data seems st 
to be as follows. Assume first that only the first. fe 
order image sources need be considered here. c 
This assumption will be justified only if the ab- b 


sorption is very high, but it may be remarked 
that any error introduced by this assumption will 
tend to give lower absorption values than would 
otherwise be obtained. Assume also that when 
the microphone is oriented so as to have zero re- 0 
sponse for the direct sound, that it also does not 
respond to sound from the image sources formed 
by the ceiling, the floor, and the two ends of the 
room. This latter assumption is equivalent to 
saying that the source and the four image sources 
referred to all lie in one plane and that this plane 
coincides with the plane of the diaphragm. This 
assumption then means that the sound measured 


a 
il 
r 





Fic. 3. Illustrating method of measuring absorption. 


corded continuously with the level recorder. The 
resulting curves showed maximum _ response 
when the axis of the diaphragm was in a line with 
the source and minimum response when at right 
angles to a line between the source and the micro- 
phone. Because of the fact that the response of the 
microphone as a function of the azimuth varies shown at J; and J, in Fig. 3. This second assump- 
as the cosine of the angle, the curves obtained by _ tion, like the first, will, if not justified, also give 
slowly rotating the microphone have a broad lower values of absorption than would otherwise 
maximum and a sharp minimum. A few typical — be obtained. 

curves are shown on Fig. 4. The curves numbered The maximum values of response, averaged for 


when the axis of the diaphragm is at right angles 
to the source is due entirely to the two image 
sources formed by the side walls of the room, 








1 to 9 were taken at 2000 cycles at distances of 2. 0° and 180° and the minimum values averaged for : 
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I 
a a 

SSS eee ° 9 180 360 
20-0 18 20 ( 














cis __270— 
90 270 “ ~ ei 






























































































































































0 

os 160360 I 
- sot gaa 270 
4 2 ‘ 
Fa 
SO ° ° i 
ae - 
Oe 360 
2S SS : 

4 
4 “f — _270 — 
Z 60 ————- = 
bg ‘ 
” ' 
w Oo 
a 

ee —180 360 

a 

40 

90 210 

60 +— — 

0 

202 iso 360 



































Fic. 4. Response of velocity microphone as a function of orientation and of distance from the 
sound source. 
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ROOM FOR FREE 





functions of distance from source to microphone, 
for one position of the source, on Figs. 5 and 6, 
which are typical of the data for frequencies 
above 100 cycles. The maximum values may be 
seen to follow, in general, the theoretical curves 
for perfect absorption. The irregularities in the 
curves plotted from the maximum values are to 
be accounted for by the fact that these values are 
made up of the direct sound and also components 
from all of the image sources. The minimum 
values also show a falling off with increasing 
distance, although not as marked as in the case 
of the maximum values. This should be expected 
for two reasons; first as the distance from the 
actual source is increased, the distance from the 
image sources is also increased, but at a slower 
rate; and second because of the cosine response 
characteristic of the microphone. These two ef- 
fects account for the slope of the theoretical 
curves, calculated for the various absorption co- 
efficients as indicated, and plotted with the 
minimum response theoretical 
curves give the response that we should expect 
from the microphone, assuming that the sound 
from the image sources J; and J, adds on an 


curves. These 


energy basis, and that sound from these two 
image sources, only, actuates the microphone 
when it is set for minimum response to the real 
source. The distance of the image sources from the 
real source is somewhat uncertain here because 
the absorbing structure is thick. Thus there is 
probably some reflection from each of the cloth 
layers and some from the back wall. For purposes 
of computation it was assumed that the equiva- 
lent reflecting surface was midway between the 
first layer of cloth and the masonry wall of the 
room. 

It may be seen that the curves of minimum re- 
sponse are not smooth; the irregularities are in 
general much more pronounced than is the case 
for the curves of maximum response. We may 
assume, however, as is customary, that these 
irregularities are due to interference and would 
not be present if we could in some way measure 
the energy in the sound field. Since, however, we 
are limited to measurements of either the result- 
ant pressure or velocity, which in a complex 
sound field may be due to a number of compon- 
ents having random phase angles, we cannot 
expect smooth curves. In particular we may as- 
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Fic. 5. Maximum and minimum response of velocity 
microphone vs. distance from the source. Frequency 2000 
cycles. 


sume the irregularities in the curves of minimum 
response are due to variations in the phase angle 
of the sound from the two image sources, and it 
becomes necessary to strike an average value of 
the absorption from a comparison of the experi- 
mental and the theoretical curves of minimum 
response given in Figs. 5 and 6. 

It should be noted first that the angle of inci- 
dence for the reflected sound varies with the 
distance from the source. With the microphone 
two feet from the source the angle of incidence, 
measured from the normal, is very nearly zero; 
with the distance from source to microphone 
eighteen feet the angle is 52°. The experimental 
curves do not show a consistent variation in slope 
from the theoretical, sufficient to warrant a con- 
clusion that any variation of absorption with 
angle of incidence is evident between the angles 
of 0° and 52°. We shall assume therefore, that we 
are justified in neglecting this effect in determin- 
ing an average value of absorption. No rigorous 
method of averaging the absorption values given 
by the points on the experimental curves has 
been applied. The absorption coefficient for any 
one frequency and one speaker position was as- 
signed as equal to that given by the theoretical 
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Fic. 6. Maximum and minimum response of velocity 
microphone vs. distance from the source. Frequency 140 
cycles. 


curve which has as many experimental points 
lying above as below it. The values assigned for 
the two conditions of measurement are given in 
Table I, the first line being the values obtained 
when the source was at the end of the room, 
and the second line the values obtained with the 
source at the midpoint of one of the side walls. 

The average values have been plotted on Fig. 
2 and may be compared to the values obtained 
for normal incidence by the stationary wave 
method. The two sets of coefficients are seen to 
be in fair agreement. The value of 84 percent 
given for 75 cycles must be considered as very 
uncertain, as is evident from a consideration of 
the curves of Fig. 7. It is seen that the values of 
maximum response do not decrease at anything 
like the free space rate, as the distance from the 
source is increased. The more or less uniform 
pressure throughout the length of the room may 
be due to’ two causes: first that the absorption is 
not great enough to justify neglecting all but the 
first-order reflections; and second that a simple 
theory of wave propagation may not be applicable 
when ‘the dimensions of the room are not larger 
than the wave-length, which is about 15 feet for 
a 75-cycle tone. In any event the data shown in 


Fig. 7 indicate that the method used in deter. 
mining the absorption is not accurate at this 
one frequency. 

Having determined that the absorption values 
obtained in the completed room check reasonably 
well with those obtained for perpendicular inci- 
dence in the tube method, there remains the 
question of how the sound field established jn 
this room differs from the free field established by 
the same source. Curves of pressure as a func- 
tion of distance from a point source should pro- 
vide a sensitive method for checking the latter 
point. A large number of such curves were ob- 
tained in our test measurements, Covering a num- 
ber of positions of the source and the same fre- 
quencies referred to above. Of these data the 
curves shown in Figs. 8 to 13 were selected as 
typical. In all cases the source used was thought 
to be small enough to act as a point source at the 
frequency in question, and the pressures were 
measured with a pressure-actuated moving coil 
microphone. 

An inspection of the above data shows irregu- 
larities which seem disappointingly large in view 
of the high absorption values obtained. The mag- 
nitudes of the departures of the measured pres- 
sures from the theoretical values for a free field 
are not incompatible with the absorption values 
given, however, as may be shown. Thus an en- 
ergy absorption coefficient of 98 percent, or an 
energy reflection coefficient of 2 percent, is equiv- 
alent to a pressure reflection coefficient of 14 
percent. In the above data therefore, where the 
microphone has little or no directional selectivity, 
the pressure must be considered as made up of 
seven components, one from the real source and 
one from each of the six first-order image sources, 
which may have any relative phase angles. When 
the distance from the real source approaches that 
from the image sources, therefore, the direct 
component of the pressure may be only slightly 
larger than the combined components from the 
image sources. In this case pronounced inter- 


TABLE I. Absorption coefficients in percent. 
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ROOM FOR 
ference should be expected in spite of the high 
absorption, and this is probably the explanation 
of the irregularities in the curves of Figs. 8 to 13, 
as the distance from the source is increased. 

The data shown in Figs. 8, 9 and 10 were taken 
with the source at approximately the midpoint 
of one end of the room. Two experimental curves 
are shown on both Figs. 8 and 9. In each case the 
data for one curve were taken with the grills on 
the floor, and the data for the other with enough 
of the grills removed to eliminate any first-order 
reflection that they might be causing. It is not 
evident from these data that there is any ap- 
preciable reflection from the grills. It is not cer- 
tain however, that this conclusion would be war- 
ranted for frequencies much above 4000 cycles 
where the wave-length approaches the spacings of 
the iron strips in the grills. 

In Fig. 9 some theoretical curves, in addition 


to that for a free field, are shown. These were 


calculated for this room on the assumption that 
the absorption at the wall surfaces had the values 
indicated on the individual curves, the reflected 
sound was assumed uniform in distribution, and 
the sound from the source and from the various 
image sources was assumed to add on an energy 
basis. It was anticipated that the experimental 
pressure-distance curves would in general show 
a less rapid drop in pressure with increasing 
distance from the source than the theoretical 
curves for a free field. It was also expected that 
the experimental curves would have a more or 
less flat portion beyond a certain distance from 
the source. 

The data were not as anticipated in either of 
these respects however. In fact, in nearly all 
cases the measured pressure decreases more 
rapidly than we should expect even for a free 
field. This is particularly evident in the curves of 
Figs. 11, 12 and 13. The data for the curves 
shown in these three figures were taken along a 
line parallel with one of the wall surfaces and 
with both the source and the microphone six 
inches from the wall. This rapid drop in pressure 
has been noted previously in some measurements 
made in a highly absorbing ‘sound stage.’’* We 
do not have an adequate theoretical explanation 
of this effect. The most obvious qualitative ex- 


planation would seem to be that the velocity of 


*Sivian and White, J. Acous. Soc. Am. 4, 288 (1933). 
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Fic. 7. Maximum and minimum response of velocity 
microphone vs. distance from the source. Frequency 75 
cycles. 


propagation of a sound wave along an absorbing 
surface is reduced; the wave front is bent or 
diffracted towards the surface; and more of the 
sound energy strikes the surface than if the wave 
front remained plane. Whether or not the above 
explanation is correct, the observed effect does 
indicate that there is some distortion in the sound 
field quite apart from that manifested by inter- 
ference as in a field with stationary waves. 

In view of this observed rapid drop in pressure, 
the necessary and sufficient condition specified 
earlier in the paper does not seem adequate, and 
the problem of duplicating free field conditions 
in an enclosed room may, therefore, become more 
difficult than was previously supposed. Thus if 
we define a free field as one in which the pressure 
varies inversely as the distance from a point 
source, then we may conveniently set up two, 
perhaps arbitrarily separated, conditions to be 
fulfilled in establishing a free field in a room. 
First, the pressure must be a continuously de- 
creasing function of the distance from a point 
source, showing neither maximum nor minimum 
values; and second the rate of variation of pres- 
sure must be as specified. It seems obvious that 
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Fic. 11. Pressure vs. distance 


from point source near wall. Fre- 
quency 4000 cycles. 
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Fic. 12. Pressure vs. distance 
from point source near wall. Fre- 
quency 1000 cycles. 
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the first condition will be fulfilled if interference 
effects due to reflected sound are eliminated by 
the use of a sufficiently highly absorbing material. 
It is not evident however, from our data that the 
second condition, defining the rate of variation of 
pressure 2S. distance, will be met in a closed room 


regardless of the absorbing material used. 

The data taken in the room described above 
show that it is possible in this room to make 
measurements under essentially free field condi- 
tions for frequencies above about 100 cycles for 
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distances up to at least one meter from a point 
source placed anywhere in the room. This dis- 
tance can be increased if the source is directional 
as is indicated by Eqs. (1) and (2). Of course, 
directional selectivity in the microphone will 
reduce the effects of reflected sound in a similar 
manner. Greater freedom from interference de- 
mands either a more nearly perfect absorbing 
material, or a larger room, for which the ratio of 
direct to reflected sound is greater at a given 
distance from the source. 
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Loudspeakers for High-Fidelity Large Scale Reproduction of Sound* 


FRANK Massa, RCA Manufacturing Company, Camden, N. J. 
(Received June 4, 1936) 


The extension of both frequency and volume range in large scale sound reproduction has 
imposed severe limitations on the performance characteristics of loudspeakers employed in 


fe VOLUME ¢ 


these applications. This paper discusses some of the problems that arise under such conditions 
and what means have been taken for their solution. The limitations of single speakers to cover 
the entire frequency range are mentioned and the advantages of multispeaker systems are 


pointed out. 


I. INTRODUCTION 


T can be safely said that the past ten years 
has witnessed far greater progress in sound 
reproduction than had occurred in the entire 
preceding period of time. The extension of 
frequency range has undoubtedly been one of the 
greatest accomplishments during this period of 
progress. Many of us can recall the familiar 
and perhaps justifiable alibi of the electric cir- 
cuit designer who excused the frequency limita- 
tions of his equipment on the basis that the 
loudspeaker was the limiting factor in determin- 
ing the frequency response of a sound reproduc- 
ing system. This condition is no longer true. 
Today it is possible to design loudspeakers to 
cover any desired portion of the entire audible 
frequency range. The mere fact that this can be 
done, however, has brought to light many other 
problems which, although originally unimpor- 
tant, because of the inherent frequency limitations 
in the system, are now of vital interest in con- 
nection with high-fidelity reproduction. 
Some of the more important of these problems 
are: 


1. Extension of volume range, which means the necessity 
of having loudspeakers of greater power handling 
capacity. 

2. Reduction of harmonic distortion, which becomes more 
objectionable as the frequency range is extended. 

3. Uniform distribution of the high frequencies. 


These problems have always existed, of 
course, but their importance had been obscured 
by the frequency limitations of the speakers of 
the past. 

In addition to the fact that wide range repro- 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 
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duction shows up the limitations of the system 
to a greater disadvantage, the general public 
has also become more critical in its expectations, 
Reproduction that was considered good ten years 
ago is unquestionably bad today and it is equally 
true that the present commercial type of high 
quality reproduction will also be superseded by 
the developments of the future. 

This paper will point out some of the require- 
ments that must be met to secure high fidelity 
reproduction and will briefly describe some of the 
problems which must be solved as well as some of 
the limitations which must be overcome. 


Il. FREQUENCY AND VOLUME RANGE 
REQUIREMENTS 


Although the average ear is sensitive to 
vibrations ranging from 20 to 20,000 cycles, it is 
not always necessary to employ this entire range 
of frequencies to secure realistic reproduction. 
W. B. Snow! has published the results of a 
thorough study showing the effect of frequency 
range on the quality of reproduced sounds. An 
analysis of his data shows quite conclusively 
that if a system is to deserve the title of high- 
fidelity it should reproduce at least the range 
from 80 to 8000 cycles and for absolutely perfect 
realism, the range should be from 40 to 16,000 
cycles. The frequencies above 8000 cycles are 
mostly needed for the realistic reproduction of 
noises, while the frequencies below 80 cycles 
lend realism to some of the lower notes of the bass 
instruments of an orchestra. 

Next in importance, of the requirements for 
high fidelity reproduction, is volume _ range. 


1W. B. Snow, ‘Audible Frequency Ranges of Music, 
Speech and Noise,’’ J. Acous. Soc. Am. 3, 155 (1931). 
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Sivian, Dunn and White? have made an exhaus- 
tive investigation of the peak powers generated 
by various instruments and orchestras and found 
that the volume range represented between a 
very soft violin solo and a very loud passage of a 
large orchestra is 70 decibels. The loudspeakers 
should therefore be capable of reproducing this 
entire range of power if realism is to be secured. 
In addition to reproducing this wide volume 
range, the sound reproducing system must: also 
be able to reproduce instantaneous peak powers 
of at least 70 watts (which is the integrated peak 
power generated by a large symphony orchestra 
for 1 percent of the intervals). 

It has been found* that the wider the fre- 
quency range, the less is the amount of harmonic 
distortion that can be tolerated in a sound 
reproducing system. For an 8000-cycle upper 
limit, the amount of harmonic introduced on the 
maximum peaks should be under 5 percent to be 
unnoticeable. For higher frequency limits, the 
permissible distortion becomes lower. 

Although the average power requirement for 
supplying sound to a large auditorium is not 
very great, the system must be designed to 
handle, without distortion, very large peak 
powers, Which may be as much as 100 times the 
average power requirement. The provision for 
these peak outputs, which get higher as the 
volume range is increased, is perhaps the most 
important problem awaiting solution at the 
moment. To reproduce these high power tran- 
sients and still keep down the size of the ampli- 
fying equipment, it is obvious that speakers of 
maximum efficiency should be employed, which 
accounts for the wide-spread use of horns in 
present day equipment. 


III. Some FUNDAMENTAL LIMITATIONS OF HORN 
TyprpE LOUDSPEAKERS 


Since horn type loudspeakers are today gener- 
ally acknowledged as being superior to most other 
types, for high-fidelity large scale reproduction, 
it is important that critical consideration be 
given to the fundamental factors which limit 


?Sivian, Dunn and White, ‘‘Absolute Amplitudes and 
Spectra of Certain Musical Instruments and Orchestras,” 
J. Acous. Soc. Am. 2, 330 (1931). 

*F. Massa, ‘‘Permissible Amplitude Distortion in an 
Audio Reproducing System,” Proc. 1. R. E., May, 1933, 
p. 682. 


their performance, together with suggestions 
for overcoming some of these limitations. 

For best performance, the various components 
of a horn loudspeaker should be different for each 
frequency, in order to secure most efficient opera- 
tion over the entire range. The desirable con- 
stants for good low frequency operation are just 
the opposite of what they should be for efficient 
high frequency performance.‘ It is therefore ap- 
parent that to secure the best over-all charac- 
teristics, at least from a theoretical standpoint, 
multiple loudspeakers should be employed to 
cover the entire range; each speaker designed to 
function best for a small portion of this range. 


(a) Disadvantages of using a single speaker for 
entire frequency range 


If a single horn is employed to cover the entire 
frequency range of reproduction there will result 
at least four disadvantages, namely: a loss in 
over-all efficiency; a relatively poor response 
characteristic; nonuniform directional charac- 
teristics; and generation of considerable distor- 
tion in the horn throat at the high frequencies. 

For a specific mass controlled driving mechan- 
ism, the throat area of the horn should vary 
inversely as the frequency in order to obtain 
maximum possible efficiency over the complete 
range, which means that large throats are de- 
sirable at low frequencies and small throats are 
desirable at high frequencies.* In addition, it is 
desirable to use large diaphragms at the low fre- 
quencies in order to avoid large amplitudes of 
motion, and small diaphragms at the high 
frequencies in order to eliminate phase inter- 
ference which may take place when the distance 
from different points on the diaphragm to the 
throat opening approaches one-half wave-length. 


IV. Erricrency LIMITATIONS 


For the low frequency range it is a relatively 
simple matter to design loudspeakers having 
very high efficiency. Values of the order of 75 
percent are easily obtainable. At the high fre- 
quencies, however, it is impossible, with the 
present materials available, to obtain such 
efficiencies. The factors which inherently reduce 
the efficiency at the high end are the limitations 


‘F. Massa, ‘‘Loud Speaker Design,’ Electronics, 
February, 1934, p. 20. 
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Fic. 1. Maximum theoretical efficiencies obtainable at 
various frequencies and air gap flux densities for a horn 
loudspeaker employing a copper wire voice coil on the 
driving element. Solid curves: Entire effective mass of 
vibrating system assumed in voice coil. Dotted curves: 
One-half effective mass of vibrating system assumed in 
voice coil. 


in the air gap flux density of the speaker, and the 
resistivity and density of the voice coil conductor. 
The lower the resistivity-density product of the 
voice coil material and the higher the flux 
density, the higher will be the efficiency. How- 
ever, by employing the best available materials 
at the present time the high frequency efficiency 
of a loudspeaker is still very low. 

To give a quantitative idea of what can be 
expected, a family of curves have been computed 
showing the maximum possible efficiencies that 
can be realized at various frequencies under ideal 
conditions. The vibrating system has been as- 
sumed to be a pure mass reactance; all mechan- 
ical and magnetic losses have been neglected, and 
at each frequency the horn throat size has been 
assumed the correct value to match the im- 
pedance of the vibrating system. 

Fig. 1 shows the maximum efficiencies that can 
be realized for a copper voice coil driving system 
vibrating in a magnetic field of 20,000; 10,000 
and 5000 gauss density. The solid curves were 
computed on the assumption that the entire 
mass of the vibrating system is in the voice coil; 
that is, the effective mass of the diaphragm and 
air load was assumed zero. The dotted curves 
were computed on the assumption that the 
voice coil mass is one-half the entire effective 
mass of the vibrating system. In general, the 
dotted curves are more nearly representative of 
the true conditions met in actual practice than 
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the solid curves, but even for the hypothetically 
ideal condition represented by the solid curves, 
the maximum possible efficiency of a horn 
loudspeaker with a copper voice coil operating jn 
a magnetic field of 20,000 gauss is only 17 percent 
at 10,000 cycles. - 

In Fig. 2 are shown a similar group of curves 
which have been computed for an aluminum 
wire voice coil. Aluminum has one-half the 
resistivity-density product of copper which re. 
sults in the improvement shown. In this figure the 
solid curves were computed on the assumption 
that the entire mass of the vibrating system js 
contained in the aluminum coil and the dotted 
curves were computed for the case in which the 
voice coil is one-half the entire mass of the 
vibrating system. 

For the same hypothetically ideal case in 
which the copper coil showed an efficiency of 17 
percent at 10,000 cycles, the aluminum coil 
here shows an efficiency of 28 percent. The 
theoretical maximum efficiency that can be 
realized at 20,000 gauss and 10,000 cycles, for a 
mass controlled vibrating system in which the 
aluminum voice coil mass equals one-half the 
total mass of the vibrating system, is only 17 
percent. The only way these figures can be 
raised is to discover a conductor material having 
a resistivity-density product lower than that of 
aluminum and to discover magnetic materials 
which will permit higher air gap flux densities. 
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Fic. 2. Maximum theoretical efficiencies obtainable at 
various frequencies and air gap flux densities for a horn 
loudspeaker employing an aluminum wire voice coil on 
the driving element. Solid curves: Entire effective mass 0! 
vibrating system assumed in voice coil. Dotted curves: 
One-half effective mass of vibrating system assumed in 
voice coil. 
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It might be mentioned in passing, that 20,000 
gauss is the practical limit that can be realized 
in an air gap by using Armco iron for the mag- 


netic circuit. Some special iron-cobalt alloys are 


available which can be used for pole tips and will 
permit increasing the flux density by a few 
thousand gauss. However, to obtain high effi- 
ciencies at the high frequencies will require very 
much higher flux densities which are not prac- 
tical to obtain at the moment. 

The rapid decrease in efficiency at high fre- 
quencies, caused by decreasing the air gap flux 
density, is obvious from the family of curves. 
On the other hand it can also be seen that no 
matter what the flux density or mass is at the 
lower frequencies, the efficiency is inherently 
high. 

The theoretical efficiencies shown in the 
above figures, besides being decreased by 
mechanical and magnetic losses in the system, 
are further decreased by the impossibility of 
providing a horn throat whose area is inversely 
proportional to the frequency being generated. 
The efficiency decreases quite rapidly if the 
frequency being reproduced is far removed from 
the frequency at which the horn impedance is 
matched to the impedance of the driving system.4 
This, as has already been mentioned, is one of the 
disadvantages in using a single horn to cover 
the entire range of frequencies. 

One method that was developed? for avoiding 
the use of a single throat size for the entire fre- 
quency range of a speaker is shown in Fig. 3. 
A single cone is employed which is driven by an 
aluminum voice coil and is coupled simultane- 
ously to a small throat high frequency horn and 
a large throat folded low frequency horn. Such 
a speaker gives a higher over-all efficiency and 
better over-all performance than a single horn 
mounted on the same cone; however, the per- 
formance cannot be made as good as a double 
speaker system in which a different size cone 
could be used for each unit. 


V. REDUCTION OF TEMPERATURE RISE IN 
LOUDSPEAKERS 


If a loudspeaker is well designed, its power 
handling capacity should be limited by the 


*Olson and Massa, ‘‘A Compound Horn Loud Speaker,” 
J. Acous. Soc. Am. 8, 48 (1936.) 


Fic. 3. Sectional view of compound horn loudspeaker. 


heating developed at the voice coil. For large 
scale applications, therefore, it is desirable to 
keep the voice coil heating to an absolute 
minimum in order that large powers may be 
impressed on the speaker. Naturally, the higher 
the efficiency of a sound reproducer, the less will 
be the electrical energy which is converted into 
heat at the voice coil and the lower will be the 
temperature rise for a constant input power. 
Another factor which contributes in reducing 
temperature rise is the close proximity of the 
iron structure to the voice coil, which facilitates 
the transfer of heat from the coil to the iron. 
Fig. 4 shows the measured temperature rise of 
the voice coils of two speakers having similar 
cones but different voice coils and magnetic 
circuits. Curves A, B and C show the tempera- 
ture rise versus power input for a particular 
loudspeaker operating at various frequencies. 
Curve A was obtained with d.c. on the voice coil. 
Curves B and C were obtained at 1000 cycles and 
60 cycles, respectively. Curves D, E and F show 
the same characteristic for the same speaker 
except that the voice coil was changed from 
aluminum wire to aluminum ribbon; the flux 
density was increased, and the air-gap clearance 
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Fic. 4. Measured temperature rise in the voice coils of 
two horn type dynamic speakers. Voice Coil No. 1: 90 turns 
(3 layers) No. 32 enamel aluminum wire on a 13} inch diam. 
paper collar in a 0.072 inch air gap. Flux density = 10,000 
gauss. (A) d.c. on voice coil (no motion). (B) 1000 cycles 
on voice coil. (C) 60 cycles on voice coil. Voice Coil No. 2: 
76 turns oxidized aluminum ribbon 0.020 inch X0.0025 inch 
wound on edge on a 1 inch diam. paper collar ina 0.050 inch 
air gap. Flux density = 18,000 gauss. (D) d.c. on voice coil 
(no motion). (£) 1000 cycles on voice coil. (F) 60 cycles on 
voice coil. 


was reduced. The marked decrease in tempera- 
ture rise is due partly to the higher efficiency 
and partly to the smaller air-gap clearance which 
facilitates the transfer of heat from the voice 
coil to the iron structure. Less temperature rise 
permits a much higher power handling capacity 
for the speaker, which is particularly desirable 
for the low frequency units used in large scale 
sound reproducing equipments. 


VI. SourcEs oF HARMONIC DISTORTION 


It has already been mentioned that loud- 
speakers for high fidelity reproduction must be 
free from harmonic distortion at the high peak 
powers which they must generate. Distortion 
may occur at low frequencies due to large am- 
plitudes; which may result in the suspension 
material exceeding the elastic limit, or may cause 
the voice coil to move out of a uniform magnetic 
field. These distortions may be easily eliminated 
by using relatively large cones which will move 
through a small amplitude for high power low 
frequency outputs. 

A more serious type of distortion, which is 
more difficult to correct, occurs at high frequen- 
cies and is due to overloading the atmosphere at 
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the throat of the horn. Rocard® has worked oyt 
the magnitude of this distortion and his pub. 
lished information was used as a basis for com. 
puting the family of curves in Fig. 5. These 
curves, which are subject to experimental verj. 
fication,’ indicate that terrific distortions wil} 
occur at high frequencies, even for relatively 
small amounts of power output, if the horn has 
a low cut-off frequency. For example, if a 49 
cycle cut-off horn, having a throat area of 19 
square inches, is radiating one watt of acoustic 
power at 4000 cycles, the second harmonic 
generated will be 30 percent. 

To reduce this distortion it is necessary to use 
more than one horn to cover the frequency range 
so that the ratio f,/f,. (Fig. 5) will be reduced. 
A further reduction in distortion may be realized 
by using a group of several speakers for the high 
frequency end, each speaker radiating only a 
fraction of the total power. This arrangement will 
permit the use of high efficiency small throat 
units incorporating small diaphragms. A further 
advantage in using multiple high frequency 
speakers is that it simplifies the problem of get- 
ting the required high frequency sound dis- 
tribution. 

A rather fortunate coincidence, that helps 
considerably in the solution of the high frequency 
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Fic. 5. Second harmonic generated in the throat of an 
infinite exponential horn at a frequency f;. Cut-off tre- 
quency due to flare=f,. Curves are marked showing acous- 
tic watts being radiated per square inch of throat area. 


6M. Y. Rocard, Comptes rendus, January 16, 1933. 
7E. C. Wente has reported that Rocard’s calculated 

distortion is approximately 6 db higher than was found 

experimentally at the Bell Laboratories. 
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LARGE SCALE 
distortion problem, is that the energy distribu- 
tion in musical reproduction is such that the 
power at the higher frequencies is much lower 
than the power in the lower frequency region. 
An approximate spectrum of the relative energy 
distribution of orchestral music is shown in 
Fig. 6. 
VII. DIRECTIONAL CHARACTERISTICS 


For a high-fidelity system, in addition to hav- 
ing distortionless high power reproduction and 
flat response over a wide frequency range, it is 
very important to get the same spatial distribu- 
tion of sound at all frequencies. Here again the 
high frequencies present the greatest difficulty. 
In general, a single speaker reproducing the 
entire frequency range would be very directional 
at the high frequencies and therefore unsuitable 
for high quality installations. 

The directional radiation characteristic of a 
horn depends on its mouth area and the rate of 
flare. The greater the rate of flare the broader 
appears to be the directional characteristic at the 
high frequencies. The author is not aware of 
any published information which attempts to 
correlate the shape and size of a horn with its 
directional characteristics. Some yet uncom- 
pleted experimental work indicates that the 
directional characteristic of a horn is approxi- 
mately that of a piston equal to the area of the 
horn mouth, 
length is approximately twice the mouth di- 
ameter. At this frequency, for several horns 
tested, the characteristic is the sharpest and at 
higher frequencies the apparent source of sound 
appears to move back toward the horn throat 


up to a frequency whose wave- 


with a resulting increase in spread. 

The correlation between the rate of flare and 
the rate of change of the apparent source of 
sound is yet to be worked out. 

It is a relatively simple matter to obtain 
satisfactory spreading of the lower frequencies 
from a loudspeaker ; however, at high frequencies 
the problem becomes more difficult. Wente and 
Thuras* have used a cluster of horns coupled to 
a single driving mechanism to obtain a spherical 
wave front at the high frequencies and thus 
get uniform distribution over the angle formed 





‘Wente and Thuras, ‘‘Auditory Perspective-Loud 
Speakers and Mic rophones,” Elec. Eng. Jan., 1934, p. 17. 
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F1G.6. Relative peak powers delivered by a symphony 
orchestra at various portions of the frequency spectrum. 
(After Sivian, Dunn and White.) 


by the group of horns. This is one way to solve 
the problem, provided that the throat distortion 
is not appreciable at the peak high frequency 
outputs. 

An alternative arrangement for obtaining 
uniform high frequency distribution would be to 
use a large number of very small units, perhaps 
with permanent magnets in the field structure, 
each coupled to a single or very few horns. 
Adequate coverage can then be realized by a 
proper choice of the number of units. The 
development of such a proposed multi-unit high 
frequency system will overcome the throat 
distortion problem and will increase reliability 
because each speaker will be required to handle 
only a very small amount of power, and further, 
if one unit fails, the system as a whole will be 
practically unaffected. 


VIIL. SUMMARY 


In summarizing, it may be said that loud- 
speakers for high fidelity, large-scale reproduc- 
tion of sound should produce a uniform fre- 
quency response, at each point in the auditorium, 
over a range no less than 80 to 8000 cycles. 
Peak acoustic powers of the order of 70 watts 
should be delivered by the speaker system with- 
out appreciable distortion, in order to secure the 
necessary volume range of 70 decibels. 

The major problems yet to be overcome in 
loudspeaker design are: improvement of effi- 
ciency at high frequencies; larger power handling 
capacities; uniform high frequency distribution; 
and reduction of harmonic distortion. 

Single loudspeakers to cover the entire fre- 
quency range tend to limit the realization of all 
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the desired characteristics. Multispeaker systems 
permit the attainment of better over-all effi- 
ciency, better distribution of the high frequen- 
cies, increased power handling capacity, and 
reduction of harmonic distortion. The greater 
the number of speakers to cover the entire range, 
the higher will be the over-all efficiency, but the 
more complicated becomes the practical problem 
of arranging the units and dividing the electrical 
power between them. The tendency must be 
definitely toward multispeaker systems for better 
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performance, however, and the surrounding 
practical difficulties must be overcome. 

The inherent limitations which reduce the 
high frequency efficiency of a loudspeaker are 
due to the physical properties of available 
materials. Magnetic materials that will carry 
higher flux densities and conductor materials 
whose density-resistivity product is less than is at 


present available are necessary for the improve. 


ment of high frequency efficiencies in dynami- 
cally driven horn speakers. 
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The Role of Acoustical Measurements in Machinery Quieting* 


Ernest J. ABBortt, Physicists Research Company, Ann Arbor, Michigan 
(Received May 8, 1936) 


NGINEERS and production men charged 

with designing and building quieter machin- 
ery have long felt the need for more effective 
means of dealing with their problems. It has been 
common experience that human observations are 
uncertain at best and that memory cannot be 
relied upon. The desirability of supplementing or 
replacing human observations by instrumental 
measurements has been recognized for many 
years. 

When microphones and vacuum tube ampli- 
fiers became available in the early °20s, it ap- 
peared that the need for soundmeters was on the 
point of being satisfied and industry greeted 
them with enthusiasm. In the intervening years, 
many attempts have been made to use acoustical 
measurements in the solution of machinery noise 
problems. A number of difficult noise problems 
which have defied ‘“‘try and listen’’ methods for 
years have been solved quickly and economically 
with the aid of acoustical measurements. With 
proper technique, these successes have been ob- 
tained so consistently that the feasibility of the 
method is no longer open to question. It can be 
definitely stated that acoustical measurements 
are an extremely useful and powerful means for 
the solution of practical noise problems which do 
not respond to ordinary methods of attack. 

On the other hand, a large number of the at- 
tempts to use acoustical measurements in ma- 
chinery quieting have not yielded useful results, 
and in many quarters these experiences have re- 
sulted in skepticism of the value of sound meas- 
urements in actual practice. In general, industry 
has been considerably puzzled as to why so 
promising a tool should work out so poorly. The 
methods of application appear logical enough, 
but often it is found that the measurements do 
not agree with the observations of experienced 
observers, and it is difficult to achieve results in 
terms quieter machines. Obviously, acoustical 
measurements have been very adequate in 
certain roles and unsatisfactory in others. It is the 


+ Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 


purpose of this paper to outline some of the 
underlying reasons therefor. 


‘““MEASURE THE NOISE” 


Everyone agrees that the use of acoustical 
measurements in quieting machinery involves 
three steps: 


1. Measurement of the original condition. 
2. Changes indicated by the results of (1). 
3. Measurement of the effect of these changes on the noise. 


Simple as that! 

Now the question comes, ‘“‘“What measurements 
shall be taken to define the ‘before’ and ‘after’ 
conditions?”’ Ordinarily one thinks and speaks of 
‘the noise” of a piece of equipment as though it 
were a single quantity. Second thought shows 
that the acoustic picture of any sound is a compo- 
site of many impressions. This fact is even more 
forcibly demonstrated when one tries to measure 
the physical characteristics of a given sound 
which are responsible for various impressions an 
observer obtains when he listens to it. 

The prospective user of sound measurements 
almost invariably says, ‘“‘All we want to know is 
which of the two sounds is louder. Nothing fancy 
at all, just a single reading.’ This appears easy. 
Evidence grows that a measurement of sound 
level (i.e., weighted sound pressure level or so- 
called ‘‘total noise’’) answers this description sur- 
prisingly well for practical purposes. 

Usually the results of such measurements are 
disappointing. Typical readings are somewhat as 
follows: 


“Before” 75 db+2 
“After” 74 db+2. 


Says the engineer, ‘““Those figures do not agree 
with what I hear. I hear a big difference. Besides, 
the uncertainty of measurement is too large com- 
pared with the change itself. This is not a suitable 
indication of the progress of our work.”’ 
Frequency-analysis is indicated. ‘““How long 
will that take?”’ “‘Hours, or maybe days.” ““Too 
long, I have scores of experiments to try and we 
cannot spend any such time on a single set of 
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measurements. Can’t you use some sort of auto- 
matic recorder and speed up your analysis?”’ 
Perhaps an analysis is made and a chart with a 
series of flag poles representing notes is obtained. 
Such graphs are made for different speeds or loads 
and no two of them look alike. Still the engineer 
does not see anything which corresponds to what 
he hears. Often many sets of data are made but 
somehow they just do not ‘‘click.” 

Finally, the conclusion is reached that this 
meter is no good on this job. ‘““The next time 
someone talks sound measurements to me he has 
got to show me that his meter measures what 
I hear.”’ 

No flaw in this logic, one thing follows another 
just like rolling down hill. The only trouble with 
the whole procedure is that it does not lead to 
solutions of practical problems. 


FACTORS IN PRACTICAL QUIETING 


Progress in machinery quieting depends almost 
entirely on the determination of just what effects 
are produced by a given change in a machine. On 
most jobs the human ear is entirely inadequate 
to determine the effect of a change and experi- 
ment after experiment is inconclusive. Hence, the 
tendency is toward a large number of experiments 
in the search for a combination which makes a 
worth-while change. There is a saying among 
engineers that ‘‘Every time one noise is killed off, 
six more spring up in its place.’’ This experience 
has a definite explanation in well-known charac- 
teristics of the human sense of hearing. The range 
in the energy of sounds is so great (10" to 1) that 
ordinarily the energy of a sound must be changed 
by 25 percent or so (1 db) to produce an appre- 
ciable change in loudness and increases of 50 per- 
cent to 100 percent in energy (2 to 3 db) corre- 
spond to minor changes in loudness. Hence, if a 
noise has several component parts of about equal 
loudness, little quieting is observed when one or 
two of them are reduced. Accordingly, practical 
quieting is usually achieved by a combination of 
changes which are quite insignificant when made 
singly but which are very worth while when made 
in proper combination. 

Acoustical measurements provide the means of 
evaluating the effects of changes which are not 
sufficient in themselves to achieve quieting but 
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which are necessary to that end. In order to ob. 
tain this information, it is often necessary to 
spend a comparatively large amount of time jp 
taking measurements on a single condition of g 
machine but this time is more than offset by the 
fewer number of experiments required to solve 
the problem. Here lies the fundamental difference 
in attacking noise problems with and without the 
aid of acoustical measurements. If only ear listen- 
ing is used, comparatively little time is spent jn 
judging the results of an experiment and most of 
the experiments yield nothing. Hence, many 
changes are required to obtain a solution. 

On the other hand, if acoustical measurements 
are used to supplement and explain the ear ob- 
servations, a great deal more information can be 
obtained from a single experiment. Experimental 
changes in machinery are slow and costly at best 
and if this part of the work can be reduced by a 
factor of 10 to 100, one can well afford to spend 
more time measuring each condition. Experience 
has proved this to be the case. 

Here, then, is one of the principal reasons why 
so many industrial concerns have encountered 
difficulty in obtaining practical results with 
acoustical measurements. Instead of planning a 
program to take advantage of the possibilities of 
obtaining the desired information from a few 
experiments, they have continued with their 
usual procedure of making large numbers of ex- 
periments and allowing only a short time to 
measure the effects of the change. 

Industry is interested in means for reducing 
noise and can see little point in measuring a lot 
of noisy machinery. Experience has led them to 
conclude that there is little rhyme or reason to 
noise and that quieting is obtained by “tricks” 
which sometimes work but usually do not and for 
no apparent reason. This is logical enough but the 
fundamental difficulty is that ear listening usu- 
ally fails to disclose the mechanism by which 
the noise is produced and the parts which are 
responsible for it. These facts can be determined 
by instrumental measurements and when this is 
done, quieting means follow almost as a matter of 
course. Seldom do these means involve the 
mysterious properties that many expect. Usually 
they are easily obtained or already available. Ac- 
cordingly, this paper is not devoted to a list of 
quieting tricks but to an outline of some of the 
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essential factors of measuring the effects of 
changes on the noise produced by a machine. 
Herein lie most of the practical problems of 
machinery quieting. 

In most machinery noise problems, there are a 
number of factors so interrelated that they must 
be considered all together. Among these are: 


1. The opinions of individuals responsible for the 
machine concerning what constitutes the difference be- 
tween a “good”’ and a “bad” unit. 

2. The physical characteristics of the sound which are 
responsible for these opinions. 

3. Conditions of test which will allow these differences 
to be measured. 

4. Technique of measuring the desired differences. 

5. Determination of the mechanism by which the 
objectionable sounds are produced. 

6. Determination of the most economical means of 
obtaining a given reduction in each of the objectionable 
components of the noise. 


Woe betide the investigator who ignores the 
opinions of individuals associated with the job. 
The enthusiast who says, ‘““Throw away your 
ears, We are going to depend entirely on meters,”’ 
is taking almost as severe a handicap as the man 
who says, ‘““Away with your meters, we will listen 
by ear only.”’ The former ignores the multiplicity 
of impressions which the ear obtains from any 
sound and the value of experience. The latter 
ignores the characteristics of sounds and of the 
human sense of hearing which make it impractical 
to solve many industrial noise problems by ear 
listening alone. 

The opinions of experienced observers become 
useful when expressed in terms of the physical 
characteristics of the sound. They are of little 
use as long as they remain as impressions on the 
brain or when one tries to describe them in 
ordinary language (which is pitifully inadequate). 
Expressed in terms of physical quantities (sound 
pressures, frequencies, time, etc.), these opinions 
of observers become the key to the solution. 

The conditions of test must be carefully se- 
lected if the essential features of the noise of a 
machine are to be measured in terms of physical 
units. Otherwise, the desired information may be 
entirely obscured by variations caused by test 
conditions. The investigators must devise and 
employ techniques suitable for the job at hand 
and the different techniques appear to be about 
as numerous as the number of jobs encountered. 


ACOUSTICAL MEASUREMENTS 
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FREQUENCY ANALYSIS OF MACHINERY NOISE 


Sound level' measurements are of great value 
in connection with machinery noise problems but 
they are not sufficient for most jobs. Such 
measurements give no indication of the quality of 
the sound and they seldom indicate the mechan- 
ism of the production of the noise. It is a well- 
known fact that changes in certain components 
of a sound may produce striking changes in the 
quality of the sound without appreciably affect- 
ing the sound level. Such changes are almost in- 
variably of importance in machinery quieting 
and, hence, one must measure such changes if the 
readings are to be of practical use. Frequency 
analysis supplies the means for measuring the 
components which determine the quality of a 
sound. 

Frequency analysis of a sound involves three 
essential characteristics of the components; 
namely, magnitude, frequency, and variation 
with time. The most important is variation with 
time. If machinery noise consisted only of com- 
ponent notes whose magnitudes and frequencies 
were constant with time, the difficulties would be 
few. Analyses could be made very rapidly with 
automatic instruments for recording the magni- 
tude and frequency of each component. Such 
instruments have been constructed? and they 
are valuable in certain applications. On machin- 
ery noise their usefulness is greatly limited by 
the characteristics of the sound. 

‘“‘Unpitched sound”’ is the term applied to all 
sounds whose components are not constant in 
magnitude and frequency. Obviously, the ordi- 
nary conception of frequency analysis does not 
apply to unpitched sounds. On the other hand, 
in most machinery the ‘‘unpitched sound”’ pre- 
dominates over the “pitched sound” so that 
both the sound level and the quality of the sound 
are determined to a large extent by the unpitched 
components of the noise. If acoustical measure- 
ments are to be useful in dealing with such 


! By definition sound level is the quantity measured by a 
sound pressure meter whose frequency-response is adjusted 
to conform to an ‘‘equal loudness contour” of approxi- 
mately the level of the sound measured. Many investi- 
gators have called this the ‘‘total noise.” 

2E. C. Wente, E. H. Bedell and K. D. Swartzel, Jr., ‘A 
High Speed Level Recorder for Acoustic Measurements” 
J. Acous. Soc. Am. 6, 121 (1935). Harry H. Hall, “A 
Recording Analyzer for the Audible Frequency Range”’ 
J. Acous. Soc. Am. 7, 102 (1935). 
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sounds, frequency analysis must be extended to 
measure and describe the characteristics of the 
unpitched sounds which determine the impres- 
sions of observers. Such measurements are 
hampered by the extreme differences in the na- 
ture of unpitched sounds, by the limitations of 
available measuring equipment and by lack of 
accepted technique. It is true that means can be 
devised for measuring almost anything about a 
sound that one wishes to know but this is seldom 
a job for routine measurements with general 
purpose equipment. 


Degrees in “‘unpitchness”’ 


A truly unpitched sound consists of purely 
random pressure fluctuations with all portions of 
the audio spectrum equally represented. Certain 
machinery noises approach this very closely. At 
the other end of the scale is a true pitched sound 
of definite frequency and magnitude. Between 
these two lie an infinite number of gradations. 
It is well known that fluctuations in magnitude 
produce additional frequencies known as “‘side 
bands.”’ Hence, erratic variations in magnitude 
produce notes which do not have a definite fre- 
quency but which are rather broad and “‘fuzzy.”’ 
The teeth of a set of gears are sufficiently alike to 
produce a prominent series of notes whose fre- 
quencies are harmonics of the frequency of tooth 
contact, and these give rise to a definite impres- 
sion of “‘pitch.’”’ On the other hand, no two teeth 
are identical and the notes show definite fluctua- 
tions in magnitude and frequency. 

In many instances this broadening is so great 
that discrete frequencies disappear altogether 
even though there is still some impression of 
pitch. The characteristic noise of the typical 
vacuum cleaner is an example of this type of 
sound. In such instances there is usually more or 
less of a concentration of the sound in a band an 
octave or so wide, although appreciable sound 
extends throughout the audio range. 


MEASUREMENT OF UNPITCHED MACHINERY 
NOISE 
For convenience, the aspects of unpitched 
sound in machinery can be classified approxi- 
mately as follows: 


1. As fluctuations in the pitched components. 
2. As bands which are too wide to be classified as notes 
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but which occupy a fairly small part of the frequency 
range and give a quite definite impression of pitch. , 

3. As a rather steady and characteristic sound whose 
frequency range does not appreciably overlap the fre. 
quencies of the pitched sound. 

4. As a characteristic sound whose frequency range jg 
essentially the same as the pitched sounds. 

5. As one of two or more unpitched sounds whose 
frequency ranges are quite well separated. 

6. As one of two or more unpitched sounds whose 
frequency ranges are essentially the same. 

7. As a sound such as a “tick” whose frequency range 
is extensive but which has a periodic character which 
distinguishes it. 


Effect of unpitched sound on the measurement 
of notes 


One of the most troublesome aspects of un- 
pitched sound is its influence on the “pitched” 
portion of the sound. The selective element of an 
analyzer always has a finite width so that in addi- 
tion to the note which it is desired to measure, a 
certain amount of unpitched sound is passed also. 
The instantaneous reading is the sum of the two. 
As a result, the level varies erratically over a 
range of 5 db or more, in the course of a few 
seconds. 

Useful readings are obtained by averaging and 
usually the most practical method is to “‘camp on 
the peak” for several seconds and read the 
average. This process is greatly facilitated by the 
use of a long period indicator meter such as the 
Weston “‘slow’’ movement level indicator. Not 
only is the accuracy improved, but the meter is 
very much easier to follow and to observe. In 
spite of these practical advantages, only one 
instrument manufacturer supplies a “‘slow” 
meter on his instrument as far as the author is 
aware. (Of course a ‘‘fast’’ meter is also needed 
when averaging is not desired.) 

An alternative method is to ‘“‘demonstrate the 
peak”’ a number of times (say 10 or 12) and take 
the average of the instantaneous values. This is 
necessary in the case of an automatic analyzer 
and the consequent point by point averaging 
rather offsets the advantage of this type of instru- 
ment in many Cases. 

When one attempts to ‘‘camp on the peak” to 
average out the short time fluctuations in level 
mentioned above, difficulty is encountered in 


holding the speed of the machine constant enough 
to keep the note in tune with the analyzer. 





equency 


1 whose 
the fre. 


‘ange is 
/ Whose 
whose 


Y range 
* which 


ement 


of un- 
ched” 
- of an 
| addi- 
sure, a 
d also. 
e two. 
ver a 
a few 


ig and 
mp on 
1 the 
yy the 
is the 
. Not 
ter is 
re. In 
y one 
slow” 
hor is 
peded 


e the 
| take 
his is 
lyzer 
aging 
stru- 


ACOUSTICAL MEASUREMENTS 


Recently an attempt was made to analyze the 
notes of a vacuum cleaner with an analyzer so 
sharp that a mistuning of 3 cycle reduced the 
reading 1 db. An eight-blade fan operating at 
12,000 r.p.m. produced a 1600 cycle note and to 
hold this within 4 cycle required speed control 
within 0.03 percent which was entirely out of the 
question with a series-wound motor on this type 
of load. Fine adjustment of analyzer tuning was 
available but successive attempts to ‘‘demon- 
strate the peak’’ varied by at least 10 db. An 
attempt was also made to measure the note of 
explosion frequency of an automobile engine. An 
eight cylinder engine operating at 1200 r.p.m. pro- 
duced a fundamental note of 80 c.p.s. but even 
on a dynamometer, the speed fluctuated suffi- 
ciently that it was impossible to measure notes 
with this instrument. Both of these notes were 
successfully measured with a duller analyzer but 
particularly in the case of the vacuum cleaner, the 
note did not stand out well. 

This is an ever-present dilemma in machinery 
noise work. Sharper analyzers are constantly 
needed to obtain better analysis but it is im- 
possible to hold speed constant enough to keep 
them in tune with the notes. Fluctuations due to 
unpitched sound make rapid analysis impractical. 
Under favorable conditions, instantaneous speeds 
can be held within 3 to 2 percent on most machin- 
ery and this sets practical limits on analyzer 
band width. If an analyzer were developed which 
could be set to any frequency and have the 
analyzer tuning vary automatically with the 
speed of the machine so as to be in tune at all 
times, it would find wide application. 

Practically all of the analyzers on the market 
are of the heterodyne type and these have a very 
serious drawback. The band width is a certain 
number of cycles at all frequencies. Suppose this 
width is selected as one percent at an inter- 
mediate frequency of 500 cycles. At higher fre- 
quencies around 5000 cycles, it is 10 times too 
sharp and is not usable on machinery noise, 
while at 50 cycles it is 10 times duller than neces- 
sary and there is a needless sacrifice in accuracy 
and analyzing ability. 

For machinery noise work, the analyzer band 
width should be a constant percentage (i.e., if 
the width at 500 cycles is 10 cycles, the widths at 
50 and 5000 cycles should be 1 and 100 cycles, 
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respectively). Such an instrument enables one to 
use the greatest sharpness on all notes that the 
speed control allows. Instruments have been built 
which approximate this requirement quite closely 
but the author knows of none on the market. It 
would also be very desirable to have the band 
width adjustable so one could use sharper tuning 
on jobs where the speed regulation would permit. 
It is the author’s opinion that such an instrument 
would do more than any one thing to improve the 
usefulness of sound measurement on machinery 
noise. It is hoped that instrument makers will 
provide such meters in the near future. 


Measurement of unpitched sounds which pre- 
dominate in given frequency ranges 


If an unpitched sound is predominant in a 
given frequency range, it can be measured with a 
suitable band analyzer adjusted to cover this 
range. Sometimes the frequency range in which a 
given sound predominates is quite wide and the 
separation can be obtained by using a high pass or 
low pass filter of suitable critical frequency. 
Usually, however, more detailed information is 
required and it is necessary to use narrower 
bands. 

While such analyses can be made with avail- 
able equipment, the work is very slow and labori- 
ous and there is great room for improvement in 
instruments. Most analyzers on the market have 
band widths of 20 to 30 c.p.s. These are quite 
satisfactory for frequencies up to a few hundred 
cycles but to cover the range from 1000 to 5000 
c.p.s., where important unpitched noises often 
occur, requires a prohibitive number of measure- 
ments. Data taken with such instruments usually 
show small readings at the higher frequencies 
which does not correlate well with observations 
of observers. This apparently is due to the fact 
that such analyzers progressively cover smaller 
and smaller fractions of an octave at higher fre- 
quencies. One analyzer has a band width of about 
2 c.p.s. which obviously is unsuited for this type 
of work. Another instrument has a band of 200 
c.p.s. which is quite appropriate for the higher 
ranges but it is very wide for the lower frequen- 
cies where most of the important components of 
machinery noise occur. The 20 c.p.s. band might 
be used in this range. 
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It appears that the requirements for band analysis gave no clues to the source of the sound. 
width for measuring unpitched sound are similar A separation of the noise according to the part 
to those for pitched sound, namely, the band of the stroke was clearly indicated and this was 
width should be a given percentage of the critical accomplished by means of suitable oscillographic 
frequency, not a fixed number of cycles. Fletcher equipment used in connection with specially. 
and Munson use essentially such bands in their weighted sound-pressure meters. As a result of 
formula’ for computing the loudness of unpitched — this analysis, the source of the noise was traced 
sounds. Experience will dictate the most useful to a hitherto unsuspected part and a very effec. 
widths but the author suggests a width of } tive means of quieting was devised which cost 
octave as a suitable compromise between an ex- less than one cent per unit on production. Such 
cessive number of readings and the need for de- modifications of the method of attack are not 
tailed information. In many cases it would be only effective but necessary in many machinery 
desirable to have the band width adjustable. 





















noise problems. 





Measurement of unpitched sounds which are not 
predominant 





Summary on frequency analysis 
The application of frequency analysis to 
It often happens that one is interested in an machinery noise has been discussed at consider- 

unpitched sound which has individual character- able length because this is the principal role of 

istics which cause observers to regard it as im- acoustical measurements in machinery quieting 
portant but which occurs simultaneously in and more difficulty has been encountered in this 
regions where there are prominent notes or other phase of the work than any other. Conclusions 
unpitched sound. If the notes are not too large, are tabulated at the conclusion of the paper but 
they can be measured individually and a correc- it is desired to emphasize at this point several 
tion made. If the interference is another complex items brought out in the above discussion: 
sound, it is necessary to modify the test condi- : ; 
tions. This is not an unusual case. In a typical 1. Frequency reese provides a means for measuring 

i : : all the characteristics of a sound needed to define the 
automobile, the sound level is determined by impressions of observers. 

three unpitched sounds, engine noise, ‘‘road” 2. To make a complete frequency analysis of the noise 

noise, and windage noise. All of these sounds have | of most machinery requires such a tremendous amount of 

their principal range between 50 and 500 c.p.s. work that it is seldom feasible in practice. Means must be 


eae devised to obtain the desired information with fewer 
and under most conditions they are of about 
5 measurements. 













equal level. In a typical vacuum cleaner, the 3. Most of the complications of frequency analysis of 
levels of the noise of both the blower and the machinery noise are caused by the prominence and variety 
motor are determined by unpitched sound of of unpitched sound encountered in such work. 

about the same frequency distribution. They are, 4. All available measuring instruments have serious 


. ea ee an ‘ awbac é i achi - noi 
however, quite distinctive in character to the ear. fundamental drawbacks for h andling machinery noise 
problems and the practicability of such measurements 









Measurement of periodic unpitched sounds will be greatly increased through improvements in instru- 
ments. 
Measurements were made recently on the 5. Because of the necessity of minimizing the number of 


“tick” ina typical compressor for a domestic re- observations and the complexities of different problems, 
frigerator The frequency of occurence was it is almost always necessary to modify instruments and 
i aa technique for each individual job to obtain results most 
about 10 c.p.s. and the sound covered the entire aos. 
: ; : effectively. 
audio range approximately uniformly. There was 
also considerable unpitched sound which was 
more or less constant during the stroke. The 
“tick” contributed little to the reading of Frequency analysis is always prescribed as the 
an ordinary sound level meter and frequency cure for all difficulties with sound level measure- 
ments. While this is theoretically correct, it will 
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3 ae t y “a e . 
Harv ey F letc her and W ° A. Munson, i Loudness, Its readily be seen from the foregoing that frequency 
Definition, Measurement and Calculation.”” J. Acous. Soc. : d 


Am. 5, 82 (1933). analysis is complicated and time consuming at 
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ACOUSTICAL 


best and it is of great practical advantage to use 
sound level measurements whenever possible. 
The usefulness of sound level measurements in 
machinery noise work depends upon obtaining 
consistent measurements. 


On the need for accurate sound level measure- 
ments 


A practical requirement for sound level meas- 
urements is the ability to repeat readings to the 
order of 0.1 db. At first thought this seems ab- 
surdly small but experience soon proves the value 
of such accuracy. In practical quieting work, one 
commonly deals with changes which do not affect 
the sound level by more than a decibel or so. The 
reason is simple: If some component part of the 
noise Was initially so prominent that its removal 
would reduce the sound level by 5 db or more, 
one can be sure that it has already received atten- 
tion and has been reduced approximately to the 
level of the other component parts of the sound. 
Hence, actual noises almost invariably consist of 
several component parts of about equal loudness. 
The quieting of any single component part of the 
sound cannot reduce the sound level more than 
about 1 db and several changes must be made at 
once to reduce the level several decibels. ‘‘Sepa- 
rating the variables’’ by working on one thing 
at a time is too effective a method to abandon, 
particularly in noise work and, consequently, one 
is inevitably faced with the measurement of 
changes in sound level of fractions of a decibel. 

With accurate sound level measurements, it is 
possible to do a great deal of diagnosis in a short 
time if the experiments are carefully planned and 
suitable checks made with ear listening to identify 
the components which are responsible for the 
measured changes in sound level. In this way it is 
often possible in a matter of minutes to obtain 
information which is nearly as useful as frequency 
analyses requiring hours of work. The feasibility 
of this method depends almost entirely on the ac- 
curacy of measurements. 


Factors affecting accuracy of sound level read- 
ings 


Two factors limit the accuracy with which 
measurements can be repeated, changes in the 
sound, and changes in the sound meter. Ob- 


viously, it is desirable to have variations in 
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meter sensitivity considerably less than the un- 
certainty due to variations in the sound, so that 
any trends in readings can be attributed to the 
sound rather than the measuring instrument. The 
constancy of meters depends primarily on design 
and construction and to some extent on mainte- 
nance. Changes in the sound of machinery are 
usually determined by the conditions of test. By 
careful selection of these conditions and by gen- 
erous use of averages for eliminating the effects 
of wave pattern, etc., the variations in the sound 
of most machinery can be reduced to the point 
where the accuracy of measurement is deter- 
mined by the constancy of present day sound- 
meters. This obviously calls for better meters, 
because, as explained above, increased accuracy 
is of practical value. Granted that a change of 0.5 
db is usually not important if made alone, it 
gives a definite measure of the size of an im- 
portant component if it can be relied upon. 

Meter manufacturers are reluctant to discuss 
the possibility of repeating measurements to 
fractions of a decibel. Table I indicates the feas- 
ibility of such measurements. 

These readings were taken in a _ standard 
automobile operating under normal conditions 
on a highway. The series covers a period of two 
months during which the car was driven over 7000 
miles and some fifty experimental changes were 
made. These figures represent measurements 
which were taken on “‘standard condition.”’ With 
variations in road (including gravel), wind, 
weather, temperature, load, tires, engine, wear, 
lubrication, wave pattern, etc., this probably 
represents about as severe a set of conditions of 
experiment as one is likely to encounter. The 
method of taking measurements precluded any 
possibility of memory of previous readings in- 
fluencing the results. The meter consisted of a 
Western Electric 618-A microphone, a Weston 
Model 301 “‘slow”’ indicator meter, and an ampli- 
fier constructed in our laboratory. The attenuator 
had steps of 2 db so all readings were taken at 
mid-scale on the indicator meter. 

It will be noted that averages were repeated 
within a few tenths of a decibel which speaks for 
itself for both the meter and the test conditions. 

Table II illustrates the effect of a typical 
change in car condition and the consistency with 
which it can be measured. In Condition A, certain 
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TABLE I. Sound level measurements in an automobile under operating conditions. 
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Full Throttle Acceleration 





Aver- Concrete Road Aver- Gravel Road 
age Differences from Average (db) age Differences from Average (db) 
Sound Plus reading is quieter than average. Sound Plus reading is quieter than average, 
Level* Level* 
(db) (db) 
Runs’ Runs 1 2 3 4 5 Runs 1 2 3 4 5 
Speed 1-3 Date 6/10 6/11 6/15 7/16 8/14 1-3 6/10 6/11 6/15 7/16 = 8/14 
Steady Speed 
20 =—70.4 —0.5 0.4 0.2 —0.3 —0.5 f | —0.5 0.2 ~ 0.7 1.2 
30 = 74.7 —0.1 —0.1 0.1 —1.4 —0.2 78.1 0.3 0.7 —0.7 0.4 0.7 
40 78.5 —0.4 0.0 0.3 —0.1 —0.7 81.8 —0.2 Be —0.1 0.2 0.0 
50 83.1 —0.7 0.8 —0.1 0.4 0.3 85.0 —0.9 0.8 0.0 0.2 0.1 
60 86.9 —0.7 0.4 0.3 0.8 —0.5 — —- - -- — es 
Av. 78.7 —0.5 0.3 0.2 —0.1 —0.3 80.0 —0.3 0.7 —0.2 0.4 0.5 






































Av. 84.3 —0.2 











* A\S.A. Weighting Curve “B’’ used. 











stations and repeat) on gravel road. 













acoustic treatment was removed from the car 
and it was anticipated that this would increase 
the sound level. Condition B illustrates a quieting 
move which reduced the sound level slightly. 
While the effects of these two changes were not 
much greater than the accuracy of measurement, 
the tendencies are clearly in the expected direc- 
tions and the differences are so consistent that 
they can hardly be attributed to uncertainty of 
measurement. This example is by no means an 
isolated one. It has been duplicated many times 
in the author’s experience with machinery noise. 

A sound level meter is an extremely valuable 
instrument in machinery noise work, its value 
being dependent largely on the ability of the in- 






























































20 195 0.0 0.0 0.0 —1.0 —0.5 76.2 —0.3 0.2 0.2 —1.1 —0.6 
25 80.0 0.5 0.0 —0.5 0.5 —0.5 80.5 0.5 —0.5 0.0 —0.5 —0.3 
30 81.3 0.3 —0.2 —0.2 —1.2 —0.7 82.2 0.2 —0.3 0.2 —0.6 —0.6 
35 82.8 —0.2 0.3 —0.2 —1.7 —1.2 84.5 —0.5 | ye. —1.0 —0.5 0.5 
40 86.2 —0.8 0.2 0.7 0.7 0.2 87.0 0.0 0.5 —0.5 1.0 0.0 
45 87.2 0.7 0.2 —0.8 0.7 —0.8 88.2 0.2 0.2 —0.3 ee —0.3 
50 89.0 0.0 1.0 —1.0 —1.0 —1.5 89.8 —0.2 0.3 —0.7 0.3 —(0,7 
55 90.2 0.7 —0.8 0.2 0.2 0.2 90.5 0.0 1.0 —1.0 1.0 0.7 
60 90.5 —0.5 0.5 0.0 —1.0 —1.5 -- — — — = — 
Av 84.7 0.1 0.1 —0.2 —0.4 —0.7 84.9 0.0 0.4 —0.4 0.1 —0.2 
Rumble on Gravel Road 
Average 
Sound 
Level* 
(db) 
Runs Runs 1 Z 3 4 5 
Speed 1-3 Date 6/10 6/11 6/15 7/16 8/14 
20 81.1 —0.8 2 —0.3 0.4 0.4 
30 82.3 —0.4 0.4 —0.6 0.7 ia 
40 85.5 —0.3 0.2 —0.5 2.0 1.8 
50 88.3 0.5 —0.3 —0.7 2.4 2a 
0.7 —0.5 1.4 1.4 


Each value for steady speed is the average of 24 observations: 12 stations were measured with car traveling in opposite directions. 
¥ Each value for full throttle acceleration is the average of 2 observations (2 different stations) on concrete road, and 4 observations (2 different 


Each value for rumble is the average of the peak readings on about 30 ‘‘rumbles.” 


strument to repeat readings over considerable 
periods of time. Unless the meter will hold 
sensitivity within 1 db, it is of little practical 
value, if readings can be depended upon to 0.1 db 
the usefulness of the instrument is increased 
many fold. 


CONCLUSION 


Acoustical measurements enable machinery 
noise problems to be solved more rapidly and 
economically than can be done with ear listening 
alone because more information can be obtained 
from each experiment and, consequently, the 
number of experimental changes required to 
achieve a result can be tremendously reduced. 
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TABLE II. Differences in sound level of automobile with change of acoustic treatment. 
Condition A, certain acoustic material removed; Condition B, treatment added. Differences from original condition (db). 











SS 


Concrete Road 
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Gravel Road 








Run A 3 Run A B 
Speed Date 7/28 7/19 Date 7/28 7/19 
Steady Speed 

20 —0.4 0.6 0.1 1.6 
30 —0.6 1.0 —0.5 1.4 
40 —0.6 0.8 0.4 3 
50 0.4 2.4 —0.4 2.0 
60 —1.1 2.3 = — 
AV. —0.5 1.4 —0.1 1.6 









Throttle Acceleration 





20 —1.5 0.5 —1.8 0.7 

25 —1.5 1.0 —2.0 1.5 

30 —0.7 1.8 —0.8 2.4 

35 —2.7 i 0.5 2.0 

40 —1.3 ey —1.5 2.5 

45 —2.3 PY | —1.3 1.4 

50 —3.0 1.5 —1.7 2.0 

55 —1.8 0.7 —2.5 2.2 

60 —1.5 0.5 ~- -- 

Ay —1.8 1.1 —1.4 1.8 

Rumble on Gravel Road 

Run A B 
Speed Date 7/28 7/19 
20 0.2 2.4 
Note: Negative sign indicates 30 —0.4 2.7 
level greater than _ original 40 —0.3 3.6 
condition. Positive sign indi- 50 0.4 4.7 
cates level less than original -- —- 
condition. —0.1 4 





Since experimental construction is very slow and 
costly, the saving achieved by the use of acous- 
tical measurements is often large. 


To realize the benefits of acoustical measure- 
ments, it is necessary to spend far more time 
measuring the effects of a change in a machine 
than one is accustomed to do with ear listening. 
It is also desirable to plan experiments with the 
idea of producing changes in definite components 
of the sound which can be easily measured. In 
this way, it is often possible to save much time 
by the use of sound level measurements instead of 
frequency analyses. Experience shows that each 
series of measurements should be planned to 
answer a definite question and, if a given program 
of experiment and measurement does not yield 
information which can be interpreted, the pro- 
gram should immediately be modified until useful 
information is obtained. Success is consistently 


obtained with this procedure even though it does 
not appear very logical to most individuals on 
first contact. 








If the ear is used to judge the results of quieting 
work, most of the experiments are inconclusive 
and one naturally makes many experiments in 
the search of a combination that is worth while. 
Most of the unsatisfactory experiences with 
acoustical measurements in industry have re- 
sulted in an attempt to carry over this technique 
of many experiments and quick checks with the 
aid of sound measurements. It seems logical but 
it seldom works in practice. If acoustical meas- 
urements are to be used successfully, sufficient 
time and proper technique must be used to 
measure the important characteristics of the 
noise at each change. This information can be 
used to eliminate many experiments and lead 
quickly to results. 

The impressions which observers obtain from 
a sound are always explainable in terms of the 
physical characteristics of the sound and these 
characteristics can be measured with about as 
much detail as one desires. On the other hand, the 
acoustic picture of most sounds is so complex that 
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it is seldom worth while to make a complete 
analysis in the case of machinery noise. The 
practical procedure is to plan the work to obtain 
the necessary information for solving the prob- 
lem with a minimum of readings. 

The primary cause for the complexities of 
machinery noise is the presence of unpitched 
sound. Usually the sound level and the individual 
character of noise is determined by the un- 
pitched part of the sound and means must be 
used to measure and describe this extremely di- 
verse type of noise. The presence of unpitched 
noise usually complicates the measurement of the 
pitched components of the sound through the 
introduction of rapid and erratic fluctuations in 
level which must be averaged out. These varia- 
tions greatly diminish the usefulness of automatic 
analyzing and recording instruments and place 
quite definite limits on analyzer sharpness. The 
unpitched sound also limits the dullness of 
analyzers capable of separating out the desired 
components. The best compromise depends on 
the particular application at hand and this com- 
promise represents one of the ever-present 
problems in this field. 

Heterodyne analyzers are inherently objec- 
tionable for machinery noise work because their 
band width is a fixed number of cycles instead of 
a fixed percentage of the frequency to be meas- 
ured. Speed fluctuations are usually the control- 
ling factor in allowable analyzer sharpness and 
since the frequency fluctuations are proportional 
to the speed, all notes on a given machine ex- 
perience the same percentage fluctuation in fre- 
quency. If the analyzer sharpness is also ar- 
ranged on this basis, one can always use the 
maximum of selectivity on all notes. It would 
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also be of great value to have the band width 
adjustable. An analyzer whose tuning varied 
automatically to keep in permanently in tune 
with a predetermined note from the machine as 
the speed varied would be an extremely valuable 
instrument. 

The measurement of unpitched sound also jp. 
volves band analysis but with wider bands than 
those used for individual notes. Again it would be 
far more useful if the band width were arranged 
on a percentage basis rather than a fixed number 
of cycles and adjustable width is also desirable. 

Sound level meters are of doubtful value in 
machinery noise work if the sensitivity cannot 
be depended upon closer than 2 db. They become 
usable on many jobs if the constancy is within 


1 db but to be really valuable on most machinery 


noise jobs, they should be capable of repeating 
measurements to the order of 0.1 db over con- 
siderable periods of time. 

If the instrumental deficiencies outlined above 
are corrected, the usefulness of sound meters in 
connection with machinery quieting will be 
tremendously increased. Even with improved in- 
struments, doubtful if most 
machinery noise jobs will be solved by more or 


however, it is 


less routine measurements with general purpose 
meters. The complexities of machinery noise are 
so great, the problems are so varied, and the cost 
of experimental construction is so high, that it will 
usually be more economical to devise special 
modifications of measurements and_ techniques 
for individual jobs. In this way, the necessary 
information can be obtained with a moderate 
number of measurements and experiments. If 
machinery noise problems are attacked from this 
point of view, experience proves that success is 
practically a foregone conclusion. 
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American Tentative Standards for Noise Measurement Z24.2-1936* 


INTRODUCTION 


HESE standards define numerical scales and 
other essentials for measuring the loudness 
and intensity of sounds. A reference tone is 
selected together with a numerical scale for 
defining its magnitude. The magnitude from a 
loudness standpoint of any other sound is 
measured on the same scale in terms of the 
equally loud reference tone. 
Besides the formally approved items, a dis- 
cussion of these tentative standards also is given. 


Sound intensity 

In order to make clear the particular meaning 
of intensity as used in these standards the 
following definition taken from the Proposed 
American Tentative Standard Acoustical Termi- 
nology—Z24.1 is here given: 

1.29. Sound Intensity (J) (Sound Energy Flux 
Density) (Flux Density)—The sound intensity 
of a sound field in a specified direction at a point 
is the sound energy transmitted per unit of time 
in the specified direction through a unit area 
normal to this direction at the point. The unit is 
the erg per second per square centimeter but 
sound intensity may also be expressed in watts 
per square centimeter. 

Note (a) The sound intensity in any specified 
direction ‘‘a’’ is given by 


*This work was initiated under the procedure of the 
American Standards Association following a request from 
the Acoustical Society of America. 

The subcommittee on Noise Measurement has the 
following personnel: 


YR. HARVEY FLETCHER, Chairman F. A. FIRESTONE 
L. CHRISLER J. S. PARKINSON 
E. FREE J. C. STEINBERG 
R. HANNA W. WATERFALL 
F, 


I 
\ 
I 
( 


A. 


R. 


Mucnow S. K. WoLr 
Norris R. G. McCurpy 
E. D. Cook 


Draft standards were developed by the subcommittee, 
considered by a meeting of the sectional committee in June, 
1933, published in numerous trade and technical publica- 
tions for comment and criticism, reconsidered by the 
committee and finally adopted in accordance with regular 
procedure of the American Standards Association on 
February 17, 1936. 

Comments and suggestions concerning these standards 
are always welcome and should be addressed to the 
Secretary of the sectional committee. 


1 T 
iE = +f pr.dt, 


where 7 is the period, p the instantaneous sound 
pressure and v, is the component of the instan- 
taneous particle velocity in the direction ‘‘a’”’ 
Note (b) In the case of a plane or spherical free 
wave having the effective sound pressure P 
dynes per square centimeter the velocity of 
propagation c (centimeters per sec.) in a medium 
of density p (grams per cubic centimeter), the 
intensity in the direction of propagation is given 
by 
P? 
] =— (ergs per sec. per square centimeter). 
De 
This same relation can often be used in practice 
with sufficient accuracy to calculate the intensity 
at a point near the source with only a pressure 
measurement. In more complicated sound fields 
the results given by this relation may differ 
greatly from the actual intensity. 


STANDARDS FOR NOISE MEASUREMENT 


When dealing with a plane or a spherical 
progressive wave it will be understood that the 
intensity is taken in the direction of propagation 
of the wave. 

1. Reference intensity. The reference intensity 
for intensity level comparisons shall be 10~'¢ 
watts per square centimeter. In a plane or 
spherical progressive sound wave in air, this 
intensity corresponds to a root mean square 
pressure P given by the formula 


P =0.000207 y = Pi 
76 7 
where P is expressed in dynes per square centi- 
meter, JJ is the height of the barometer in 
centimeters, and 7 is the absolute temperature. 
At a temperature of 20°C and a pressure of 76 
centimeters of mercury, P=0.000204 dyne per 
square centimeter. 

2. Intensity level. The intensity level of a 
sound is the number of decibels above the 
reference level. 
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3. Pressure level. The pressure level of a sound 5. Velocity level. The velocity level of a sound 
is 20 times the logarithm to the base 10 of the is 20 times the logarithm to the base 10 of the 
ratio of the pressure p to the reference pressure ratio of the velocity V to the reference velocity 
P>. The unit of pressure level is the decibel. V.. The unit of velocity level is the decibel. 

4. Reference pressure. The reference pressure, 6. Reference velocity. The reference velocity V» 
Po, for sound pressure measurements is 0.0002 for sound velocity measurements is 0.000005 
dyne per square centimeter. centimeter per second. 
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TENTATIVE 


7. Reference tone. A plane or spherical sound 
wave having only a single frequency of 1000 
cycles per second shall be used as the reference 
for loudness comparisons. 


Note: One practical way to obtain a plane or spherical 
wave is to use a small source, and to have the head of the 
observer at least one meter distant from the source, with 
the external conditions such that reflected waves are 
negligible as compared with the original wave at the head 
of the observer 


8. Loudness level. The loudness level of any 
sound shall be the intensity level of the equally 
loud reference tone at the position where the 
listener's head is to be placed. 

9, Listening position. In observing the loudness 
of the reference sound, the observer shall face the 
source which should be small and listen with both 
ears at a position so that the distance from the 
source to a line joining the two ears is one meter. 

Note: The value of the intensity level of the equally 
loud reference sound depends upon the manner of listening 
to the unknown sound and also to the standard of reference. 
The manner of listening to the unknown sound may be 
considered as part of the characteristics of that sound. The 
manner of listening to the reference sound is as specified 
above. 


Standards for loudness contours and scale of 
loudness 


For the purpose of practical noise measure- 
ments and the design of sound or noise meters 
there is need for agreement upon equal loudness 
contours of pure tones. Also, there is some need 
for an additional loudness scale based on a group 
judgment as to what constitutes a certain 
percentage reduction in the loudness of sound. 
For both of these things reliance must necessarily 
be placed on experimental data. A number of 
investigations have been made for the purpose of 
obtaining such data and from their results there 
can be derived such relations which can be taken 
as the best indications of the present material, 
with, however, the necessary recognition that 
they are tentative and may need modification as 
further data are obtained. 

10. Loudness contours of pure tones. The loud- 
ness level of a pure tone propagated as a plane or 
spherical wave in air, and having a frequency of f 
cycles per second and an intensity level 8 decibels 
shall be defined by the set of curves given in Fig. 1. 
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11. Loudness. Until more accurate data are 
available, the relation between loudness and 
loudness level shall be that given by the curve 
shown in Fig. 2. 


APPENDIX 


There was considerable discussion in the committee 
which developed these standards as to what should be 
chosen for the reference or zero level. In many ways the 
threshold of hearing intensity for a 1000-cycle tone seemed 
a logical choice. However, variations in this threshold 
intensity arise depending upon the individual, his age, the 
manner of listening, the method of presenting the tone to 
the listener, etc. For this reason, no attempt was made to 
choose the reference intensity as equal to the average 
threshold of a given group listening in a given way. The 
reference intensity given in recommendation (1) was chosen 
because it was a simple number which was convenient as a 
reference for computation work and also because it is in the 
range of threshold measurements obtained when listening 
in the manner outlined under recommendation (9). This 
reference intensity corresponds to the threshold intensity 
of an observer who might be called a reference observer. 
An examination of a large series of measurements on the 
threshold of hearing indicates that such a reference 
observer has a hearing which is slightly more acute than 
the average of a large group. For those who have been 
thinking in terms of microwatts it is easy to remember that 
this reference level is 100 decibels below one microwatt per 
square centimeter. 

The need of adopting a reference intensity for sound 
intensity level measurements has been recognized and a 
tentative proposal was made in our first report. Since that 
time there has been considerable discussion as to whether 
the intensity level scale which was originally proposed or a 
pressure level scale using one dyne per square centimeter as 
the reference level should be adopted. Several memoranda 
were written upon the two points of view which are 
available for any who wish to study them. After careful 
consideration of all the available information bearing upon 
this question, the committee finally voted for the recom- 
mendations given above. It will be noticed that the 
adoption of these standards will make the intensity level of 
the 1000-cycle reference tone the same as its loudness level. 
Also an examination of the curves in Fig. 1 shows that this 
is also true for pure tones covering a wide range of fre- 
quencies and intensities. 

Inasmuch as the value of the intensity level of the equally 
loud reference tone depends upon the manner of listening 
to the unknown sound and also of the standard of reference, 
these must be specified. The manner of listening to the 
unknown sound may be considered as part of the charac- 
teristic of that sound. The manner of listening to the 
reference tone which is recommended for adoption is that 
given under (9). 

Some members of the Committee felt that there was a 
particular need for an additional loudness scale based upon 
a group judgment as to what constitutes a certain 
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Fic. 2. Relation between loudness and loudness level. 


percentage reduction in the loudness of a sound. A basis 
for such a scale is available in the paper* by Fletcher and 
Munson reported at the May, 1933 meeting of the Acous- 
tical Society of America. The Committee felt a scale based 
on this work should be proposed tentatively, in order to 


* “Loudness, Its Definition, a surement and Calculation,”’ H. 
Fletcher and W. A. Munson, J. Acous. Soc. Am. 5, 82 (1933). 


facilitate the interpretation of experimental work of this 
kind. Loudness is the quantity that is probably closely 
correlated with the percentage estimates of loudness 
reduction that a group of observers make. For example, a 
loudness of 8000 corresponds to a loudness level of 70 
decibels. A reduction of 50 percent to a loudness of 4000, 
causes a change in loudness level of 11 decibels. 
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American Tentative Standards for Sound Level Meters Z24.3-1936* 


For Measurement of Noise and Other Sounds 


INTRODUCTION 


HE purpose of a set of standards for sound 

level meters is to bring about a condition 
such that, if a given noise of a general character 
is measured with any meter designed in ac- 
cordance with the standards, the result will be 
substantially the same as that which would be 
obtained with any other similarly designed 
meter, and will approximate the loudness level 
which would be obtained by the more elaborate 
ear-balance method described in the American 
Tentative Standards for Noise Measurement 
Z24.2-1936. 

Due to the complexities in the human hearing 
mechanism which cannot, at present, be ade- 
quately simulated in a sound level meter, it is 
expected that in many instances the approxi- 
mations to loudness level will not be close, 
although differences in loudness level may be 
more closely approximated. The discrepancies 
involved can be determined more satisfactorily 
by comparison of meter readings and ear- 
balance loudness levels after a certain degree of 
uniformity has been attained among the meters 
in use by investigators in the field of sound 
measurements. It is, therefore, recommended 
that the standards for sound level meters 
established herein be accepted until further work 
and experience reveal advantages to be gained by 
revision. 

*This work was initiated under the procedure of the 
American Standards Association following a request from 
the Acoustical Society of America. 

These standards were developed by the _ technical 
subcommittee on Sound Levels and Sound Level Meters of 


the subcommittee on Noise Measurement, the personnel 
of the technical committee being as follows: 


R. G. McCurpy, Chairman H. E. KENT 
. Barstow, Secretary H. W. Lamson 
x. CASTNER H. B. MARVIN 
*, DIEHL H.S. READ 
£. FREE E. J. ABBOTT 
. HANNA STEPHEN J. ZAND 


Draft standards were considered at a meeting of the 
sectional committee in May, 1934, distributed widely in 
mimeographed form for comment and criticism revised by 
the technical committee, reconsidered by the sectional 
committee and finally adopted in accordance with regular 
procedure of the American Standards Association. 

Comments and suggestions concerning these standards 
are always welcome and should be addressed to the 
Secretary of the sectional committee. 


Since the microphones used at present in sound 
level meters have directional characteristics, it 
will ordinarily be desirable, when sound measure- 
ments are made, to average the results of readings 
taken with the microphone turned in several 
different directions, including particularly those 
directions from which the sound appears to 
come. If this is done and the standards given 
below are met, differences between the results 
obtained with meters of different manufacture 
will be minimized. 

It is recognized that, in special cases, certain 
nonstandard characteristics may be desirable, 
and it is not intended that these standards 
preclude the use of special characteristics for 
special problems. It is believed, however, that 
these standards will aid in promoting uniformity 
in meter measurements of various types of 
sounds and will thus be of value in the sound 
measurements field. 


STANDARDS FOR SOUND LEVEL METERS 


1. Scale 


A sound level meter shall have a decibel scale. 
The quantity measured by sound level meters 
shall be referred to as “‘sound level’’; e.g., a 
sound level meter reading of 60 decibels shall be 
referred to as ‘60 decibel sound level,”’ or “‘sound 
level of 60 decibels.”’ 


2. Frequency response 


The free field frequency response of a sound 
level meter shall be that shown in Fig. 1, Curve 
A, provided only one such frequency response is 
available. If more than one frequency response is 
available, either the response shown in Curve B, 
of Fig. 1, or a flat response, or both may be used 
in addition to the response shown in Curve A. 
Curves A and B are the 40 and 70 decibel equal 
loudness contours, respectively, each modified 
by the differences between random and normal 
free field thresholds.' 


1‘‘American Tentative Standards for Noise Measure- 
ment,” Z24.2-1936, L. J. Sivian and S. D. White “On 
Minimum Audible Sound Fields,” J. Acous. Soc. Am. 4, 288 
(1933). 
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When reporting the results of sound level 
measurements the frequency response employed 
should always be given. 

The tolerable deviations from the standard 
frequency responses at different frequencies are 
shown by the dashed curves on Fig. 1. The 
tolerances for a flat response would be the same 
as the tolerances for the A and B responses. To 
determine whether or not the tolerances are 
exceeded, the procedure outlined in Appendix 3 
is to be followed. The frequency response of a 
sound level meter shall lie within the tolerances 
for any setting of the gain controls with which 
the frequency response is intended to be used. 

The free-field response at a given frequency 
shall be the average response for free waves at 
various angles of incidence up to 90 degrees from 
the normal, assuming all angles of incidence 
within this region equally probable. The method 
of averaging is described in Appendix 1. 

The difference between the normal-incidence 
response and that for any other direction of 
incidence shall not exceed 5 decibels at any 
frequency up to 1000 cycles and 20 decibels at 
any frequency between 1000 and 3000 cycles. 


3. Reference point 

The reference point of the decibel scale 
incorporated in sound level meters shall be 
reference sound intensity (10~'® watts per square 
centimeter) at 1000 cycles in a free progressive 
wave. 

Note: Some differences will usually exist between the 
standard frequency response and the response of an 
individual meter. In order that the primary calibration 
will result in a given noise of a general type producing 
substantially the same meter readings in meters whose 
frequency responses vary in different ways from the 
standard response, the procedure outlined in Appendix 3 
is to be used. 


4. Rule of combination 

The characteristic of the sound level meter 
shall be such that the meter will indicate the sum 
of the equivalent 1000-cycle free wave intensities 
of the different single frequency components in 
the complex wave; that is, the power indicated 
for a complex wave shall be the sum of the 


powers which would be indicated for each of the 


single frequency components of the complex 
wave acting alone. 


STANDARDS 


Note: For most sound level meters, this rule yijj 
not be exactly followed for all types of input waves, 
Tolerable deviations from the rule of direct weighted 
power addition and tests to determine these deviations 
are given in Appendix 2. 


5. Dynamic characteristic of indicating instry. 
ment 

The dynamic characteristic of the indicating 
instrument forming a part of a sound level meter 
shall be such that the following over-all dynamic 
characteristics will be met by the meter. 

(a) The deflection of the indicating instrument 
for a constant 1000-cycle sinusoidal input to the 
sound level meter shall be equalled by the 
maximum deflection of the indicating instrument 
for an input to the sound level meter consisting 
of a pulse of 1000-cycle power which has the same 
magnitude as the constant input and a time of 
duration lying between 0.2 and 0.25 second. 

(b) The deflection of the indicating instru- 
ment for a constant 1000-cycle sinusoidal input 
to the sound level meter shall be exceeded by not 
more than 1.0 decibel by the maximum deflection 
of the indicating instrument obtained upon the 
sudden application of the constant input. 

(c) The deflection of the indicating instrument 
for a constant 1000-cycle sinusoidal input to the 
sound level meter shall be at least 1 decibel 
greater than the maximum deflection of the 
indicating instrument for an input to the sound 
level meter consisting of a 1000-cycle pulse which 
has the same magnitude as the constant input 
and a time of duration of 0.1 second. 

These characteristics should hold for any part 
of the scale of the indicating instrument. 

In cases where it is not desirable to observe 
rapid fluctuations in level, a slow acting indi- 
cating instrument instead of the one described 
above, can be used for convenience to obtain an 
average result. On steady sounds the reading of 
this indicating instrument should be the same as 
that of the rapidly acting instrument. 


APPENDIX 1 


FREQUENCY RESPONSE OF SOUND LEVEL METERS 


When the microphone forming a part of a sound level 
meter responds differently to sound waves arriving with 
different angles of incidence, the reading of the meter will 
depend upon the directional characteristics of the sound 
waves at the point of measurement. In more or less diffuse 
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Fic. 1. Over-all free field frequency responses and tolerances for sound level meters. 


























































sound fields, sound level meters having microphones with 
different directional properties will give different readings 
if they have been previously adjusted to give equal 
readings in the same normal incidence sound field. 

These differences may be minimized by (a) limiting the 
maximum difference between the normal-incidence re- 
sponse and that at any other angle, and (b) using a method 
of specifying the frequency response which takes into 
account the probable angles of incidence of the more 
important components of the sound. The maximum 
tolerable differences in response, and a method of specifying 
the over-all free field response, are given in Section 2 above; 
the following paragraphs give the details of the method of 
determining the response. 

The over-all free field response of a sound level meter as 
defined in Section 2 may be computed from responses 
obtained to sound waves approaching the microphones at 
different angles within the specified region. The compu- 
tation consists of averaging the microphone outputs for 
plane waves of a given frequency arriving successively 
from all directions within the given region, assuming that 
all such directions of arrival are equally probable. Since, in 
general, the variation of microphone output with angle of 
incidence is not easily expressible mathematically, it will 
be found practicable te use finite steps in the averaging 
process. An expression which has been found to give sat- 
isfactory results with condenser or dynamic microphones is 


P=0.034 Po+0.259 Pso+0.448 Poot+0.259 Po, (1) 


where 


P =average power output of microphone 

P ) =power output from normal incidence wave 
P= power output from wave 30 degrees to normal 
Poo = power output from wave 60 degrees to normal 
P= power output from wave 90 degrees to normal 


The following is given as an example of the manner in 
which this expression is to be used. Measure the microphone 
response to free progressive waves at 0, 30, 60 and 90 
degrees from normal incidence. Suppose that the following 
data are obtained. 








Measured Power Output for 
Free Field Input of 60 Decibels 
Frequency Angle Above Reference Intensity 





4000 Cycles 0 3 micro-microwatts 
39 1.9 i 
60 0.75 #3 
90 0.38 " 








Substituting in formula (1), 


P=0.034 X3+0.259 x 1.9+0.448 0.75 
+0.259 x0.38 = 1.03. 


Hence the average output power at this frequency for an 
input of 60 decibels above reference intensity is 1.03 micro- 
microwatts. (This 1.03/3=0.34 of the output power for 
normal incidence, so that the over-all free field response at 
4000 cycles, as defined in Section 2 above is 10 log 0.35 





= —4.6 decibels referred to the normal-incidence response.) 
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Formula (1) is derived as follows: 

Assume that the microphone is symmetrical about an 
axis normal to the plane of the diaphragm, so that jts 
output is constant for all directions of approach of sound 
waves which make an angle x with this axis. Make the 
approximation that the output is constant at a value P, 
for all values of x lying between 0 and 15 degrees, that it js 
constant at another value Ps for all values of x lying 
between 15 and 45 degrees, and so on. 

Imagine a hemisphere, and a cone having its axis 
perpendicular to, and its vertex at the center of, the great 
circle on the hemisphere and having a vertex angle of 215 
degrees. Since all directions of approach of the sound waves 
within the hemisphere are equally likely, the chance that a 
given sound wave will approach at some direction for 
which x lies between 0 and 15 degrees is the ratio of the 
area cut from the surface of the hemisphere by the cone to 
the total area of the hemisphere; this is found to be 0.034. 
Hence the contribution of the directions comprised within 
this cone to the output power is 0.034 Po. Similarly, the 
contribution of the directions lying between this cone and a 
cone with a vertex angle of 245 degrees is found to be 
0.259 Ps; and so on. The total output is the sum of the 
contributions from all directions of incidence considered: 
this leads to formula (1). 

If the assumption of symmetry of response about the 
axis normal to the plane of the diaphragm cannot be made, 
a number of measurements should be made, each repre- 
senting the response for a certain area of the hemisphere in 
front of the microphone. The average of the powers 
indicated by these readings, compared with the power 
indicated by the reading on the normal to the diaphragm 
will provide a means of determining the difference between 
the over-all free field response as defined in Section 2, 
frequency response and the normal free field response, 
providing all areas for which readings are taken are about 
equal in magnitude. 


APPENDIX 2 


TESTS FOR POWER ADDITION 


Make circuit arrangements so that two single frequencies 
with negligibly small harmonics may be introduced into 
the sound level meter input simultaneously and at the 
same time be controlled independently. The wave form of 
the frequencies should be purely sinusoidal and ideally 
they should be introduced acoustically, although if it is 
found preferable, because of distortion caused by loud- 
speaker or receiver characteristics, sinusoidal waves may 
be introduced electrically. 

The frequencies must be in nonharmonic relation to 
each other and separated sufficiently so that the indicating 
instrument will not follow the beats. Choosing the fre- 
quencies above 800 cycles will aid in making the effects of 
oscillator harmonics negligibly small. Adjust the magnitude 
of each frequency so that it alone produces a mid-scale 
deflection of the indicating instrument. When adjusting 
one of the single frequencies the impedance relations 
between this source, the meter input and the other source 
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must be identical in every respect with the relations 
that exist when both sources are feeding energy into the 
meter input. As stated above, when adjusting one of the 
single frequencies the other must make no contribution to 
the meter deflection, though the impedance that it presents 
to the other frequency source and to the meter must be the 
same as before. When each frequency has been adjusted so 
that it alone produces a mid-scale deflection, both are put 
on together, and both are attenuated by the same amount 
until the mid-scale deflection is again obtained. This 
amount of attenuation should be 30.5 decibels. 

The experiment should be repeated at other points on 
the scale, including full scale. 

Among the sounds of which measurements may fre- 
quently be desired will be steady peaked waves and sounds 
of such short duration that the meter will not follow them. 
For sounds such as these, the power addition property of 
the rectifier should extend somewhat beyond the region 
normally brought into play when a full-scale deflection 
is produced by a sine wave. Also, the amplifier should have 
some spare carrying capacity for these varieties of sound. 
Hence, it is necessary to make tests to insure that the 
amplifier and rectifier characteristics are such that power 
addition of components holds within certain limits for 
these types of sounds. To determine the adequacy of the 
meter in this regard, make the following test: 

Insert a resistance network between the indicating 
instrument terminals and the points to which these are 
normally connected, so that the same resistance is pre- 
sented to the rectifier as before, but so that, for a given 
power applied to the rectifier, less current flows through the 
indicating instrument than before. This resistance network 
should be such that its insertion causes a change in indi- 
cating instrument reading of about 7 or 8 decibels. 

In the same manner as before make circuit arrangements 
so that two single frequencies, in nonharmonic relation to 
each other and separated sufficiently so that the indicating 
instrument will not follow the beats, may be introduced 
into the sound level meter input simultaneously and at the 
same time be controlled independently. Without the 
resistance network, adjust the magnitude of each frequency 
so that it alone produces a full-scale deflection of the 
indicating instrument. Insert the resistance network and 
increase the magnitude of each single frequency by 3 
decibels. Note the indicating instrument deflection from 
either of the two single-frequency sources. (The deflection 
from each should be the same.) Put on both single fre- 
quencies simultaneously and attenuate both equally until 
the same deflection is again obtained. This amount of 
attenuation should be 3+1 decibels. 

Repeat the experiment except that after inserting the 
resistance network, increase the magnitude of each 
frequency by 6 instead of 3 decibels. Note the deflections 
from each single frequency (the deflections should be the 
same) and then put both on simultaneously attenuating 
both equally until the deflection obtained with either alone 
is again obtained. In this case the attenuation should be 
3+1.5 decibels. 

These limits should be met for all positions of the 
calibrating and measuring gain controls. 
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APPENDIX 3 


COMPARISON OF INDIVIDUAL AND STANDARD 
METER RESPONSES 


The purpose of comparing the response of a particular 
meter with the standard response is to make possible (a) a 
determination of whether or not the response of the indi- 
vidual meter lies within the prescribed tolerances and 
(b) a calibration of the individual meter such that on noise 
of a general character the reading given by the individual 
meter would be substantially the same as that which would 
be obtained from a meter having the standard response. 
The method consists of computing for an average noise the 
weighted power outputs of, first, a meter having the 
standard response and, second, the particular meter in 
question. These outputs may be made equal by suitably 
adjusting the calibration of the particular meter in ques- 
tion. After making this adjustment in the individual meter, 
its response would be compared to the standard response in 
order to determine whether or not the particular response 
to various single frequencies falls within the tolerances. The 
following example gives the details of the method of 
comparison and in addition gives the average relative 
magnitudes (in db) of acoustic energy in 100-cycle bands 
obtained from analyses of noises of a general character. 
This is the energy-frequency distribution of noise which is 
to be used in computations comparing the readings of a 


Relative Acoustic 
Power in db Standard Corre- 
in 100-Cycle Frequency spond- 
Bands of Ceneral Response ing 
Freq. Type of Noise (Curve A) Sum Power 
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standard meter and an individual meter for purposes of 
calibrating the individual meter. To make this comparison, 
the only additional information necessary is the single- 
frequency response characteristic of the individual meter. 

Since it is apparent that the total power would not be 
greatly affected by frequencies above 3000 cycles, the 
summation is purposely stopped at this frequency. 

By going through this same process for the individual 
meter response (substituting the individual meter response, 
plotted so that it passes through 0 decibel at 1000 cycles, 
for the ‘Standard Frequency Response, Curve A, Fig. 1”), 
another value for ‘‘Sum of Weighted Powers’”’ will be 
obtained. If this value is the same as that obtained from 
the computations using the standard frequency response, 
then the individual meter should be calibrated so as to give 
a reading of 0 for reference sound intensity at 1000 cycles. 
If the sum of the weighted powers for the individual meter 
is different from that for the standard meter, the individual 
meter should be calibrated so that reference intensity at 


STANDARDS 


1000 cycles produces a reading of x decibels, 


sum of weighted powers, standard meter 
where X = 10 logio . - a 
sum of weighted powers, meter in question 





To determine whether the individual meter response falls 
within the tolerances, the individual meter response, 
shifted by x decibels, may be superposed on the standard 
response. In this position, relative to the standard response, 
the individual meter response should fall within the dashed 
lines given on Fig. 1. The direction of the x decibel shift is as 
follows: If the sum of the weighted powers for the meter in 
question is smaller than the sum of the weighted powers 
for the standard meter, the x decibel shift should be upward 
when plotted on Fig. 1. 

A similar process should be used to determine if the “RB” 
weighting in a particular meter does not depart from the 
standard ‘‘B” weighting by more than the tolerable 
amounts and to calibrate the meter for use with the “BR” 
weighting. 


ocT 


T 


city. 
the / 
the v 
name¢ 
Socie 
the ‘ 
Phys 


ROL. 


LEO 
sae 
Ho! 
OR\ 


Pul 


Cal 


mn 


> falls 
ONSe, 
ndard 
ONse, 
ashed 
tisas 
ter in 
oWers 
Ward 


my i 
nN the 
rable 

“S" 


OCTOBER, 1936 


OcTOBER MEETING OF THE 


HE fall meeting of the Society will be held in New 

York City, October 29-31, 
city. This change in the usual program was made to allow 
the Acoustical Society to participate in a joint meeting of 
the various societies of the American Institute of Physics, 
Society, the Optical 
Society of America, the Acoustical Society of America, 


namely, the American Physical 


the Society of Rheology, and the American Association of 


Physics Teachers. 
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The program for the joint meeting will be concerned 


mainly with questions of applied physics, for which an 


interesting group of papers has already been arranged. The 
Acoustical Society will have also a separate meeting with a 
program of its own. 
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